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Foreword 

This Technical Specification has been produced by the 3"* Generation Partnership Project (3GPP). 

The contents of the present document are subject to continuing work within the TSG and may change following formal 
TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an 
identifying change of release date and an increase in version number as follows: 

Version x.y.z 

where: 

X the first digit: 

1 presented to TSG for information; 

2 presented to TSG for approval; 

3 or greater indicates TSG approved document under change control. 

y the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, 
updates, etc. 

z the third digit is incremented when editorial only changes have been incorporated in the document. 
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1 Scope 

The present document specifies the principles of interworking between the 3GPP IM CN subsystem and BICC/ISUP 
based legacy CS networks, in order to support IM basic voice, data and multimedia calls. 

The present document addresses the areas of control and user plane interworking between the IM CN subsystem and CS 
networks through the network functions, which include the MGCF and IM-MGW. For the specification of control plane 
interworking, areas such as the interworking between SIP and BICC or ISUP are detailed in terms of the processes and 
protocol mappings required for the support of both IM originated and terminated voice and multimedia calls. 

Other areas addressed encompass the transport protocol and signalling issues for negotiation and mapping of bearer 
capabilities and QoS information. 

The present document specifies the interworking between 3GPP profile of SIP (as detailed according to 3GPP TS 
24.229 [9]) and BICC or ISUP, as specified in ITU-T Recommendations Q.1902.1 to Q.1902.6 [30] and ITU-T Q761 to 
Q764 [4] respectively. 

The present document also specifies the interworking between circuit switched multimedia telephony service, as 
described in 3GPP TS 26.110 [78] 3GPP TS 26.111 [79], and ITU-T Recommendation H.324 [81] and packet switched 
multimedia services, as described in 3GPP TS 26.235 [80] and 3GPP TS 26.236 [32], in particular and the interworking 
between the 3GPP profile of SIP and the inband control protocols for multimedia communication as specified in ITU-T 
Recommendations H.245 [82] and H.324 Annex K [87].. 

The present document addresses two interworking scenarios with respect to the properties of the CS network: 
The CS network does not use any 3GPP specific additions. 
- The CS network uses 3GPP specific additions. 



2 References 

The following documents contain provisions which, through reference in this text, constitute provisions of the present 
document. 

• References are either specific (identified by date of publication, edition number, version number, etc.) or 
non-specific. 

• For a specific reference, subsequent revisions do not apply. 

• For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including 
a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same 
Release as the present document. 
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[78] 3GPP TS 26.1 10: "Codec for circuit switched multimedia telephony service; General description" 

[79] 3GPP TS 26. 1 1 1 : "Codec for Circuit switched Multimedia Telephony Service; Modifications to 

H.324". 
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3 



Definitions and abbreviations 



3.1 



Definitions 



For the purposes of the present document, the terms and definitions given in 3GPP TR 21.905 [6], ITU-T 
Recommendation E. 164 [48] and the following apply: 

SS7 signalling function: function in the CS network, which has the capabilities to transport the SS7 MTP-User parts 
ISUP and BICC+STC„Bp 

SIP signalling function: function in the IM CN subsystem, which has the capabilities to transport SIP 

Incoming or Outgoing: used in the present document to indicate the direction of a call (not signalling information) 
with respect to a reference point. 

Incoming MGCF (I-MGCF): entity that terminates incoming SIP calls from the IMS side and originates outgoing calls 
towards the CS side using the BICC or ISUP protocols. 

Outgoing Interworking Unit (O-MGCF): entity that terminates incoming BICC or ISUP calls from the CS side and 
originates outgoing calls towards the IMS using SIP. 

Root Termination: refers to Media Gateway as an entity in itself, rather than a Termination within it. A special 
TerminationlD, "Root" is reserved for this purpose. See ITU-T Recommendation H.248.1. [2] 

Signalling Transport Converter (STC): function that converts the services provided by a particular Signalhng 
Transport to the services required by the Generic Signalling Transport Service. 

STCmtp: Signalling Transport Converter on MTP. See ITU-T Recommendation Q.2150.1 [29]. 

BICC+STCmtp: this terminology means that BICC signaling always need to be used on top of STCmtp sublayer. 



For the purposes of the present document, the abbreviations as defined in 3GPP TR 21.905 [6] and the following apply: 



3.2 



Abbreviations 



3PTY 

AALl 

ACR 

ANM 

APM 

APRl 

ATP 

BC 

BCl 

BGCF 

BICC 

CB 

CCNR 

CDa 

CDi 

CDIV 

CdPN 

CFB 

CFNR 

CGB 

CgPN 

CIC 

CMR 

CON 

CONF 

COT 



Three Party 

ATM Adaptation Layer type 1 

Anonymous Call Rejection 

ANswer Message 

Application Transport Message 

Address Presentation Restriction Indicator 

Access Transport Parameter 

Bearer CapabiUty 

Backward Call Indicators 

Breakout Gateway Control Function 

Bearer Independent Call Control 

Communication Barring 

Call Completion on No Reply 

Call Deflection Alerting 

Call Deflection Immediate 

Communication Diversion 

Called Party Number 

Call Forwarding Busy 

Call Forwarding No Reply 

Circuit Group Blocking 

Calling Party Number 

Carrier Identification Code 

Codec Mode Request 

Connect 

Conference 

Continuity 
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CPC 


Calling Party's Category 


CPG 


Call ProGress message 


CSI 


Carrier Selection Information 


DAI 


Dial Around Indication 


DSCP 


DiffServ Code Point 


FAC 


Facility 


FQC 


Frame Quality Classification 


GN 


Generic Number 


GRS 


Group Reset 


GVNS 


Global Virtual Network Service 


HAV 


Hardware 


IDR 


Identification Request 


lEPS 


International Emergency Preference Scheme 


I-MGCF 


Incoming MGCF 


IM-MGW 


IP Multimedia Media Gateway Fimction 


INF 


Information 


INR 


Information Request 


IRS 


Identification Response 


ITCC 


International Telecommunication Charge Card 


ITU-T 


International Telecommunication Union - Telecommunication Standardization Sector 


MCID 


Malicious Communication Identification 


M3UA 


MTP-L3 User Adaptation layer 


MLPP 


Multi-Level Precedence and Pre-emption 


MONA 


Media Orientation Negotiation Acceleration 


MPC 


Media Preconfigured Channel 


MRFP 


Media Resource Function Processor 


MSN 


Multiple Subscriber Number 


MSU 


Message Signalling Unit 


MWI 


Message Waiting Indication 


NOA 


Nature Of Address 


NPDI 


Number Portability Database Dip Indicator 


OIP 


Originating Identification Presentation 


OIR 


Originating Identification Restriction 


0-MGCF 


Outgoing MGCF 


PI 


Progress Indicator 


PIDF 


Presence Information Data Format 


REV 


Reverse Charging 


RLC 


Release Complete 


RSC 


Reset Circuit 


RTCP 


RTP Control Protocol 


SAM 


Subsequent Address Message 


SCTP 


Stream Control Transmission Protocol 


SGW 


Signalling Gateway 


SPC 


Signalling Preconfigured Channel 


ST 


Sending Terminated 


TCAP 


Transaction Capabilities Apphcation Part 


TDM 


Time Division Multiplex 


TIP 


Terminating Identification Presentation 


TIR 


Terminating Identification Restriction 


TMR 


Transmission Medium Requirement 


TMU 


Transmission Medium Used 


TNL 


Transport Network Layer 


TNS 


Transit Network Selection 


TP 


Terminal Portability 


UA 


User Agent 


UAC 


User Agent Client 


URI 


Uniform Resource Identifier 


USI 


User Service Information 


uus 


User-to-User Signalling 


XML 


extensible Markup Language 
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4 General 



4.1 General interworking overview 

The IM CN subsystem shall interwork with BICC and ISUP based legacy CS networks, e.g. PSTN, ISDN, CS PLMNs, 
in order to provide the ability to support basic voice calls (see 3GPP TS 22.228 [11]), between a UE located in the IM 
CN subsystem and user equipment located in a CS network. 

For the abiUty to support the deUvery of basic voice calls between the IM CN subsystem and CS networks, basic 
protocol interworking between SIP (as specified in 3GPP TS 24.229 [9]) and BICC or ISUP (as specified in ITU-T 
Recommendations Q. 1902. 1-6 [30] and ITU-T Recommendations Q761 to Q764 [4] respectively) has to occur at a 
control plane level, in order that call setup, call maintenance and call release procedures can be supported. The MGCF 
shall provide this protocol mapping functionaUty within the IM CN subsystem. 

User plane interworking between the IM CN subsystem and CS network bearers (e.g. 64k TDM, ATM/AAL2 circuit or 
IP bearer) are supported by the functions within the IM-MGW. The IM-MGW resides in the IM CN subsystem and 
shall provide the bearer channel interconnection. The MGCF shall provide the call control to bearer setup association. 

The IM CN subsystem shall interwork, at the control and user plane, with BICC and ISUP based legacy CS networks. 
The support of supplementary services shall be as defined in 3GPP TS 22.228 [11]. The MGCF and IM-MGW shall 
support the interworking of the IM CN subsystem to an external ISUP based CS network. They may also support 
interworking to a BICC based CS network where no 3GPP specific extension is applied. The MGCF and the IM-MGW 
may also support interworking to a BICC based CS network where 3GPP specific extensions in accordance with 3GPP 
TS 29.205 [14] are applied. 



5 Network characteristics 



5.1 Key characteristics of ISUP/BICC based CS networks 

This signalling interface to a PSTN is either based on BICC CapabiUty Set 2 as specified in ITU-T Recommendations 
Q.1902.1 to Q.1902.6 [30], or on ISUP (see ITU-T Recommendations Q.761 to Q.764 [4]). 

The interface towards a CS-PLMN may either be one of the interfaces mentioned in the paragraph above or a signalling 
interface based on BICC with 3GPP specific extensions, as specified for the 3GPP Nc interface in 3GPP TS 29.205 
[14], and the IM-MGW may support the 3GPP Nb interface, as specified in 3GPP TS 29.414 [25] and 3GPP TS 29.415 
[26]. If the 3GPP Nc interface is applied as signalling interface, the 3GPP Nb interface is used as user plane interface 
and the Nb UP Framing protocol is apphed. 

5.2 Key characteristics of IM CN subsystem 

The IM CN subsystem uses SIP to manage IP multimedia sessions in a 3GPP environment, it also uses IPv6, as defined 
in RFC 2460 1 39 1, as the transport mechanism for both SIP session signalling and media transport. The 3GPP profile of 
SIP defining the usage of SIP within the IM CN subsystem is specified in 3GPP TS 24.229 [9]. Example callflows are 
provided in 3GPP TS 24.228 [8]. 



6 Interworking with CS networks 
6.1 Interworking reference model 

Figure 1 details the reference model required to support interworking between the 3GPP IM CN subsystem and CS 
networks for IM basic voice calls. 
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BGCF 



CSCF 



i.!^ 

I- 

Mg 



(Note 3) 



,Mb 



User Plane 
Control Plane 



BICC/ISUP over 
SCTP/IP 




NOTE 1 : The logical split of the signalling and bearer path between the CS network and the IIVI CN subsystem is as 

shown, however the signalling and bearer may be logically directly connected to the IIVI-MGW. 
NOTE 2: The SGW may be implemented as a stand-alone entity or it may iDe located in another entity either in the 

CS network or the IM-MGW. The implementation options are not discussed in the present document. 
NOTE 3: The IM-MGW may be connected via the Mb to various network entitles, such as a UE (via a GTP Tunnel to 

a GGSN), an MRFP, or an application server. 
NOTE 4: A SGW function is not required for certain signalling transports, where M3UA+SCTP+IP is used in CS 

network and IM-MGCF. 

Figure 1 : IIUI CN subsystem to CS network logical interworking reference model 

6.1 .1 Interworking reference points and interfaces 

The reference points and network interfaces shown in figure 1 are as described: 

Protocol for Mg reference point: The single call control protocol applied across the Mg reference point (i.e. between 
CSCF and MGCF) will be based on the 3GPP profile of SIP as defined in accordance with 3GPP TS 24.229 [9]. 

Protocol for Mn reference point: The Mn reference point describes the interfaces between the MGCF and IM-MGW, 
and has the properties as detailed in 3GPP TS 29.332 [15]. 

Protocol for Mj reference point: The single call control protocol applied across the Mj reference point (i.e. between 
BGCF and MGCF) will be based on the 3GPP profile of SIP as defined in accordance with 3GPP TS 24.229 [9]. 

Protocol for Mb reference point: The Mb reference point is defined in accordance with 3GPP TS 23.002 [10] and is 
IPv6 based. 



6.1 .2 Interworking functional entities 



6.1.2.1 



Signalling Gateway Function (SGW) 



This component performs the call related signalling conversion to or from BICC/ISUP based MTP transport networks 
to BICC/ISUP based SCTP/IP transport networks, and forwards the converted signalhng to or from the MGCF. The 
functionahty within SGW shall be in accordance with 3GPP TS 23.002 [10]. 



6.1.2.2 



Media Gateway Control Function (MGCF) 



This is the component within the IM CN subsystem, which controls the IM-MGW, and also performs SIP to BICC or 
SIP to ISUP call related signalhng interworking. 



The functionality defined within MGCF shall be defined in accordance with 3GPP TS 23.002 [10]. 
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6.1 .2.3 IP Multimedia - Media Gateway Function (IM-MGW) 

This is the component within the IM CN subsystem, which provides the interface between the PS domain and the CS 
domain, and it shall support the functions as defined in accordance with 3GPP TS 23.002 [10]. 

6.2 Control plane interworking model 

Within the IM CN subsystem, the 3GPP profile of SIP is used to originate and terminate IM sessions to and from the 
UE. 

External CS networks use BICC or ISUP to originate and terminate voice calls to and from the IM CN subsystem. 

Therefore, in order to provide the required interworking to enable inter network session control, the control plane 
protocols shall be interworked within the IM CN subsystem. This function is performed within the MGCF (see clause 
6.1.2). 

6.3 User plane interworking model 

Within the IM CN subsystem, IPv6, and framing protocols such as RTP, are used to transport media packets to and 
from the IM CN subsystem entity like UE or MRFP. 

External legacy CS networks use circuit switched bearer channels like TDM circuits (e.g. 64 kbits PCM), ATM/AAL2 
circuit or IP bearers to carry encoded voice frames, to and from the IM CN subsystem. 

Other CN networks use ATM/AAL 1 or AAL 2 or IP as a backbone, with different framing protocols. 

Therefore, in order to provide the required interworking to enable media data exchange, the user plane protocols shall 
be translated within the IM CN subsystem. This function is performed within the IM-MGW (see clause 6.1.2). 



7 Control plane interworking 

Signalling from CS networks to or from IM CN subsystem, where the associated supported signalling protocols are 
SS7/M3UA+ SCTP+IP and M3UA+SCTP+IP respectively, requires a level of interworking between the nodes across 
the Control Plane, i.e. the SS7 signalling function, SGW (if apphcable), MGCF and SIP signalhng function. This 
interworking is required in order to provide a seamless support of a user part, i.e. SIP and BICC+STCmtp or SIP and 
ISUP. 

The transport of SS7 signalling protocol messages of any protocol layer that is identified by MTP level 3, in SS7 terms, 
as a user part (MTP3-user) shall be accomplished in accordance with the protocol architecture defined in the following 
clauses. For the present document these protocol layers include, but are not Umited to. Bearer Independent Call Control 
(BICC)+STCm,p and ISDN User Part (ISUP). 

7.1 General 

The following sub-clauses define the signalling interworking between the Bearer Independent Call Control (BICC) or 
ISDN User Part (ISUP) protocols and Session Initiation Protocol (SIP) with its associated Session Description Protocol 
(SDP) at a MGCF. The MGCF shall act as a Type A exchange (ITU-T Recommendation Q.764 [4]) for the purposes of 
ISUP and BICC Compatibility procedures. The services that can be supported through the use of the signalling 
interworking are limited to the services that are supported by BICC or ISUP and SIP based network domains. 

BICC is the call control protocol used between Nodes in a network that incorporates separate call and bearer control. 
The BICC/ISUP capabilities or signalling information defined for national use is outside the scope of the present 
document. It does not imply interworking for national- specific capabilities is not feasible. 

The capabiUties of SIP and SDP that are interworked with BICC or ISUP are defined in 3GPP TS 24.229 [9] 

Services that are common in SIP and BICC or ISUP network domains will seamlessly interwork by using the function 
of the MGCF. The MGCF will originate and/or terminate services or capabilities that do not interwork seamlessly 
across domains according to the relevant protocol recommendation or specification. 
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Table 1 lists the services seamlessly interworked and therefore within the scope of the present document. 

Table 1 : Interworking Capabilities between BICC/ISUP and SIP profile for 3GPP 

Service 

Speech/3.1 kHz audio 

CS data Calls (optional) 
En bloc address signalling 

Overlap address signalling from the CS side towards the IMS 

Out of band transport of DTMF tones and information. (BICC only) 

Inband transport of DTMF tones and information. (BIGG and ISUP) 

Direct-Dialling-ln (DDI) 

Multiple Subscriber Number (MSN) 

Galling Line Identification Presentation (CLIP) 

Galling Line Identification Restriction (GLIR) 

Connected line presentation (COLP) 

Connected line restriction (COLR) 

Carrier routeing 



7.2 Interworking between CS networks supporting ISUP and 
the IM CN subsystem 

The control plane between CS networks supporting ISUP and the IM CN subsystem supporting SIP, where the 
underlying network is SS7 and IP respectively is as shown in figure 2. 
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Media gateway 
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SIP signalling 
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Figure 2: Control plane interworking between CS networks supporting ISUP 

and tlie ilU! CN subsystem 

7.2.1 Services performed by network entities in the control plane 
7.2.1 .1 Services performed by the SS7 signalling function 

The SS7 signalling function provides the capabilities to deliver or receive SS7 MTP3-User information (e.g. ISUP or 
BlCC+STCmtp) across the SS7 signalling network. The functional interface of the MTP, the MTP User parts and the 
signalling network are as detailed in ITU-T Recommendations Q.701 to Q.709 [3]. 
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7.2.1.2 Services of the SGW 

The SGW shaU perform the functions as described in 3GPP TS 23.002 [10]. 

In order to support the seamless operation of the MTP3-User part information between networks incorporating SS7 and 
IP (either IPv4, see RFC 791 [16], or IPv6, see RFC 2460 [39]), the SGW shall support the services of MTP as well as 
the services of the M3UA (see 3GPP TS 29.202 [20]) and SCTP (see RFC 2960 [18]). 

7.2.1.3 Services of tine MGCF 

The session handhng and session control of the MGCF shall be as detailed in 3GPP TS 24.229 [9]. 

The MGCF shall provide the interaction, through the use of its interworking function, between the SS7 MTP3-User part 
information, e.g. ISUP, and SIP. The MGCF interworking function shall also provide the translation between the SS7 
MTP3-User part information and SIP, where the interworking of SIP to ISUP and BICC+STCmtp are detailed below. 

7.2.1 .4 Services of tlie SIP signalling function 

The SIP signalling function is a logical entity that provides the capabilities to deliver or receive multimedia session 
information across the IM CN subsystem signalling system. 

7.2.2 Signalling interactions between network entities in the control plane 
7.2.2.1 Signalling between the SS7 signalling function and MGCF 

The SGW shall enable the signalling interaction between the SS7 signalling function and the MGCF. 

7.2.2.1 .1 Signalling from MGCF to SS7 signalling function 

For signalling from the MGCF to the SS7 signalling function, the SGW shall terminate the SCTP and M3UA protocol 
layers and deliver the MTP3-User protocol messages, e.g. ISUP messages, towards the SS7 signalling function. The 
SGW transmits and receives SS7 Message Signalling Units (MSUs) to and from the SS7 signalling function over 
standard SS7 network interfaces, using MTP to provide reliable transport of the messages. 

7.2.2.1 .2 Signalling from SS7 signalling function to MGCF 

For signalling from the SS7 signalling function to the MGCF, the SGW shall terminate SS7 MTP2 and MTP3 protocol 
layers and deliver MTP3-User part information messages, e.g. ISUP, towards the MGCF. In order to direct messages 
received from the SS7 MTP3 network to the appropriate IP destination, e.g. MGCF, the SGW shall perform a message 
disttibution function using the information received from the MTP3-User message. Message disttibution at the SGW 
shall be performed in accordance with 3GPP TS 29.202 [20]. 

7.2.2.1 .3 Services offered by SCTP and M3UA 

The SGW internal protocol mapping and transportation between BICC or ISUP messages and IP encapsulated BICC or 
ISUP messages respectively is supported by the services of the M3UA adaptation layer and the underlying SCTP layer. 
The SGW shall allow for the transfer of MTP3-User signalling messages, e.g. BICC or ISUP, to and from an MGCF, 
where the peer MTP3-User protocol exists. 

7.2.2. 1.3.1 Services offered by SCTP 

SCTP offers the ability to rehably transfer the SCTP User applications, e.g. M3UA, between the SCTP User application 
peers. The initialization procedure used for an association between two SCTP end-to-end peers, and the initialization to 
the SCTP User applications shall be performed as detailed in RCF 2960 [18]. 

7.2.2.1.3.2 Services offered by M3U A 

When an association between two SCTP peers has been estabhshed, the use of M3UA shall provide the transport 
service in accordance with MTP (see ITU-T Recommendations Q.701 to Q.709 [3]) to the MTP3-User, e.g. ISUP. 
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7.2.2.2 Signalling between the MGCF and SIP signalling function 

Signalling between the SIP signalling function and the MGCF uses the services of IP (RFC 2460 [39J), and transport 
protocol such as TCP (RFC 793 [24]) or UDP (RFC 768 [17]) or SCTP (RFC 2960 [18]) (see 3GPP TS 24.229 [9]), and 
SIP. 

The naming and addressing concepts between the MGCF and SIP signalling function shall be detailed in accordance 
with 3GPP TS 23.228 [12]. The issues of general IP address management are discussed in 3GPP TS 23.221 [47]. 

7.2.3 SIP-ISUP protocol interworking 

When a coding of a parameter value is omitted it implies that it is not affected by the interworking and the values are 
assigned by normal protocol procedures. 

7.2.3.1 Incoming call interworking from SIP to ISUP at l-MGCF 
7.2.3.1.1 Sending of lAM 

On reception of a SIP INVITE requesting a session, the I-MGCF shall send an lAM message. The allowed sessions are 
given in subclause 7.2.3.1.2.5. 

An I-MGCF shall support both incoming INVITE requests containing SIP preconditions and lOOrel extensions in the 
SIP Supported or Require headers, and INVITE requests not containing these extensions, unless the Note below applies. 

NOTE: If the I-MGCF is deployed in an IMS network that by local configuration serves no user requiring 
preconditions, the MGCF may not support incoming requests requiring preconditions. 

The I-MGCF shall interwork forked INVITE requests with different request URIs. 

If the SIP precondition extension is not included in the Supported or Require header, the l-MGCF shall send an 1AM 
immediately after the reception of the INVITE, as shown in figure 3. The I-MGCF shall set the continuity indicators to 
"Continuity check not required". 

If a Continuity Check procedure is supported in the ISUP network and SIP precondition extension are included in the 
SIP Supported or Require header, the I-MGCF shall send the lAM immediately after the reception of the INVITE, as 
shown in figure 3. If the received SDP indicates that precondition is fulfilled the l-MGCF shall set the continuity 
indicators to "continuity check is not required". If the received SDP indicates that precondition is not fulfilled the I- 
MGCF shall set the continuity indicators to "continuity check performed on a previous circuit". The procedure in figure 
3 applies when the value of the continuity indicator is either set to "continuity check required", "continuity check 
performed on a previous circuit" or "continuity check not required". If the continuity indicator is set to "continuity 
check required" the corresponding procedures at the Mn interface described in clause 9.2.2.3 also apply. 

I-MGCF 



INVITE 


lAM 


► 


► 



Figure 3: Receipt of an Invite request (continuity procedure supported in tlie ISUP network) 

If Continuity Check procedure is not supported in the ISUP network, and the SDP in the received INVITE request 
contains preconditions not met, the l-MGCF shall delay sending the lAM until the SIP preconditions are met and set the 
continuity indicators in the resulting lAM to "Continuity check not required". 
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I-MGCF 



INVITE 
► 


lAM 


SDP indicating 

pre-conditions 

met 


► 



Figure 4: Receipt of an Invite request (continuity procedure not supported in tlie ISUP networic) 

The I-MGCF shall reject an INVITE request for a session only containing unsupported media types by sending a status 
code 488 "Not Acceptable Here". If several media streams are contained in a single INVITE request, the I-MGCF shall 
select one of the supported media streams, reserve the codec(s) for that media stream, and reject the other media streams 
and unselected codecs in the SDP answer, as detailed in RFC 3264 [36] . If supported audio media stream(s) and 
supported non-audio media stream(s) are contained in a single INVITE request, an audio stream should be selected. 

The I-MGCF shall include a To tag in the first backward non-100 provisional response, in order to establish an early 
dialog as described in RFC 3261 [19]. 

If an MGCF discovers an emergency call it shall, depending on national requirements, map that to appropriate 
indication in ISUP/BICC. 

According to IETF RFC 3261 [19] and IETF RFC 3264 [36], if an INVITE message is received without an SDP offer, 
then the I-MGCF sends an SDP offer in the first reliable non-failure message. 

7.2.3.1.2 Coding of the lAM 

The following ISDN user part parameters description can be found in ITU-T Recommendation Q.763 [4]. 
7.2.3.1.2.1 Called party number 

The E. 164 address encoded in the Request-URI shall be mapped to the called party number parameter of the lAM 
message. 



Table 2: Coding of the called party number 



INVITE^ 


lAM^ 


Request-URI 


Called Party Number 


E.I 64 address 
(format +CC NDC SN) 
(e.g. as User info in SIP URI with 
user=phone, or as tel URL) 


Address Signal: 

Analyse the information contained in received E.I 64 address. 
If CC is country code of the network in which the next hop terminates, then 
remove "+CC" and use the remaining digits to fill the Address signals. 
If CC is not the country code of the network in which the next hop terminates, 
then remove "+" and use the remaining digits to fill the Address signals. 


Odd/even indicator: set as required 


Nature of address indicator: 

Analyse the Information contained in received E.I 64 address. 

If CC is country code of the network in which the next hop terminates, then set 

Nature of Address Indicator to "National (significant) number. 

If CO Is not the country code of the network in which the next hop terminates, 

then set Nature of Address Indicator to "International number". 


Internal Network Number Indicator: 

1 routing to internal network number not allowed 


Numbering plan Indicator: 

001 ISDN (Telephony) numbering plan (Rec. E.I 64) 



NOTE: The usage of "nature of address indicator" value "unknown" is allowed but the mapping is not specified 
in the present specification 
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7.2.3.1 .2.2 Nature of connection indicators 

bits BASatellite indicator 

no satellite circuit in the connection 

bits DCContinuity check indicator 

continuity check not required) if the continuity check procedure is not supported in the succeeding network 
(figure 4). 

1 continuity check required, if a continuity check shall be carried out on the succeeding circuit, (figure 3) 

1 continuity check performed on a previous circuit otherwise, if the continuity check procedure is supported 
in the succeeding network, but shall not be carried out on the succeeding circuit otherwise, (figure 3) 

bit E Echo control device indicator 

1 outgoing echo control device included, for speech calls, e.g., TMR is "3.1KHz audio". 

outgoing echo control device not included, for known data calls, e.g., TMR "64 kBit/s unrestricted" or HLC 
"Facsimile Group 2/3". 

7.2.3.1 .2.3 Forward call indicators 
bits CB End-to-end method indicator 

no end-to-end method available (only link-by-link method available) 
bit D Interworking indicator 

1 interworking encountered 

As a network operator option, the value D = "No interworking encountered" is used if the TMR = 64 kBit/s 
unrestricted is used. 

NOTE: This avoids sending of a progress indicator with progress information 1 "Call is not end-to-end 
ISDN; further call progress information may be available in-band ", so the call will not be released for 
that reason by an ISDN terminal. 

bit E End-to-end information indicator (national use) 

no end-to-end information available 

bit F ISDN user part/BICC indicator 

ISDN user part/BICC not used all the way 

As a network operator option, the value F = 1 "ISDN user part/BICC used all the way" is used if the TMR = 64 kBit/s 
unrestricted is used. 

NOTE: This avoids sending of a progress indicator with progress information 1 "Call is not end-to-end 
ISDN; further call progress information may be available in-band ", so the call will not be released for 
that reason by an ISDN terminal. 

bits HG ISDN user part/BICC preference indicator 
1 ISDN user part/BICC not required all the way 
bit I ISDN access indicator 
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originating access non-ISDN 

As a network operator option, the value 1=1 "originating access ISDN" is used if the TMR = 64 kBit/s unrestricted is 
used. 



NOTE: This avoids sending of a progress indicator with progress information 1 1 "Originating access is 
non-ISDN", so the call will not be released for that reason by an ISDN terminal.. 



bits KJ SCCP method indicator 
no indication 

If the PSTN XML is supported as a network option, the Forward Call indicators derived as shown in Table 02a shall 
take precedence. 



Table 02a: Mapping of PSTN XML elements to Forward call indicators parameter 



INVITE ^ 


lAM^ 


PSTN XML 


Content 

Forward call indicators parameter 


PSTN XML with Progress indicator No 6 
(Meaning: originating access ISDN) 


Forward call indicators parameter 
ISDN User Part indicator 

1 "ISDN User Part used all the way" 
ISDN access indicator 

1 "originating access ISDN" 



7.2.3.1 .2.4 Calling party's category 

See ANNEX C for the normative interworking of the CPC parameter. 

7.2.3.1.2.5 Transmission medium requirement 

The I-MGCF may either transcode the selected codec(s) to the codec on the PSTN side or it may attempt to interwork 
the media without transcoding. If the I-MGCF transcodes, it shall select the TMR parameter to "3.1 kHz audio". If the I- 
MGCF does not transcode, it should map the TMR, USl and Access Transport parameters from the selected codec 
according to Table 2a. However, if the I-MGCF supports this PSTN XML body as a network option, and if a PSTN 
XML body is received in the INVITE request and the I-MGCF selects media encoded in any of the formats in Table 2a 
(G.71 1, Clearmode or t38) among the offered media, the I-MGCF shall derive these parameters from the XML body 
instead, as detailed in Table 2b.The support of any of the media listed in Table 2a is optional. The SDP for the data 
transfer with 64 kbit/s clearmode shall be mapped to the TMR "64 kbit/s unrestricted". 

If no SDP is received from the remote peer (as described in clause 7.2.3.1.1), then the TMR parameter should be 
defaulted to "3.1 kHz audio". Transcoding shall be applied as required. 



ETSI 



3GPP TS 29.163 version 8.5.0 Release 8 



31 



ETSI TS 129 163 V8.5.0 (2009-02) 



Table 2a- Coding of TMR/USI/HLC from SDP: SIP to ISUP 



m= line 


b= line (NOTE 4) 


a= line 


TMR parameter 


USI parameter (optional) (NOTE 1) 


HLC parameter 
(optional) 


<meclia> 


<transport> 


<fmt-list> 


<modifier>:<bandwidth- 

value> 

(NOTE 5) 


rtpmap:<dynamic-PT> 
<encoding name> 
<clock rate>[<encoding 
parameters>] 


TMR codes 


Information 

Transport 

Capability 


User Information 
Layer 1 Protocol 
Indicator 


High Layer 

Characteristics 

Identification 


audio 


RTP/AVP 





N/A or up to (64 kbit/s + 
RTP/UDP/IP overhead) 


N/A 


"3.1 KHz audio" 






(NOTE 3) 


audio 


RTP/AVP 


Dynamic PT 


N/A or up to (64 kbit/s + 
RTP/UDP/IP overhead) 


rtpmap:<dynamic-PT> 
PCMU/8000 


"3.1 KHz audio" 






(NOTE 3) 


audio 


RTP/AVP 


8 


N/A or up to (64 kbit/s+ 
RTP/UDP/IP overhead) 


N/A 


"3.1 KHz audio" 






(NOTE 3) 


audio 


RTP/AVP 


Dynamic PT 


N/A or up to (64 kbit/s + 
RTP/UDP/IP overhead) 


rtpmap:<dynamic-PT> 
PCMA/8000 


"3.1 KHz audio" 






(NOTE 3) 


audio 


RTP/AVP 


Dynamic PT 


AS: (64 kbit/s+ 
RTP/UDP/IP overhead) 


rtpmap:<dynamic-PT> 
CLEARMODE/8000 
(NOTE 2) 


"64 kbit/s unrestricted" 


"Unrestricted 
digital 

information" or 
"Unrestricted 
digital inf. 
w/tones/ann" 
(NOTE 6) 






image 


UdptI [73] 


t38 [73] 


N/A or up to (64 kbit/s + 
UDP/IP overhead) 


Based on ITU-T T.38 
[721 


"3.1 KHz audio" 


"3.1 KHz audio" 




"Facsimile 
Group 2/3" 


image 


tcp 


t38 [73] 


N/A or up to (64 kbit/s + 
TCP/IP overhead) 


Based on ITU-T T.38 
[72] 


"3.1 KHz audio" 


"3.1 KHz audio" 




"Facsimile 
Group 2/3" 


NOTE 1 : In this table the codec G.71 1 is used only as an example. Other codecs are possible. 
NOTE 2: CLEARMODE is specified in RFC4040 [69]. 

NOTE 3: HLC is normally absent in this case. It is possible for HLC to be present with the value "Telephony", although 6.3.1/0.939 indicates that this would normally be 

accompanied by a value of "Speech" for the Information Transfer Capability element. 
NOTE 4: If the b=line indicates a bandwidth greater than 64kbit/s then the call may use compression techniques or reject the call with a 415 response indicating that only one media 

stream of 64kbit/s is supported. 
NOTE 5: <bandwidth value> for <modifier> of AS is in units of kbit/s. 

NOTE 6: The value "Unrestricted digital inf. w/tones/ann" should only be used if the Clearmode codec appears together with speech codecs in the same m-line. 
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Table 2b : Mapping of PSTN XML elements with ISUP Parameters 



INVITE ^ 


1 


AM ^ 


PSTN XML 


Value 


ISUP Parameter 


Content 


Progresslndicator 




Access Transport 
Parameter 


Progress indicator 


HighLayerCompatibility 




High layer compatibility 
(NOTE) 


LowLayerCompatibility 






Low layer compatibility 


BearerCapability 




User Service Information 




HighLayerCompatibility 




User Tele Service 


High layer compatibility 


BearerlnfomationElement 
(InformationTransferCabability) 


Speech 


TMR 


Speech 


3.1 kHz audio 




3.1 kHz audio 


Unrestricted digital 
information 


64 kbit/s unrestricted 


Unrestricted digital 

information with 
tones/announcements 


64 kbit/s unrestricted 


NOTE: If two high layer compatibility information elements are received, they shall be transferred in the same order as 
received in the PSTN XML body in the INVITE message. 



7.2.3.1 .2.5a Transmission medium requirement prime and USI prime (optional) 

The Fallback mechanism described in the present Clause shall only apply if two PSTN XML Bearer Capability elements appear within the ESTVITE Request and the MGCF 
supports the PSTN XML body as a network option. 

When the INVITE request includes multiple audio codecs with codec appearing in Table 2a then the I-MGCF shall: 

If the first stated codec in the INVITE is a codec appearing in Table 2a and is the equivalent as stated within the second Bearer Capability in the XML Bearer Capability 
element then the I-MGCF shall map the XML Bearer Capability element into the USI prime and shall set the TMR to "64 kBit/s unrestricted preferred". 

If the second stated codec in the INVITE is a codec appearing in Table 2a and is the equivalent as stated within the first Bearer Capability in the XML Bearer CapabiUty 
element then the I-MGCF shall map the XML Bearer Capability element into the USI and shall map the TMR prime from the PSTN XML BearerlnfomationElement 
(InformationTransferCabability) . 

If the compared codec stated within the INVITE is not equivalent as stated within XML Bearer Capability element then the XML Bearer Capability element shall be 
discarded 

If the Fallback mechanism is not supported by the succeeding network the procedures as described within clause 7.2.3.1.2.5 shall apply 

In cases where the fallback appears within the terminating entity and sends back a codec to which is fallen back then the I-MGCF shall only apply the cut-though to the chosen 
codec. 

In cases where the fallback appears within the terminating entity and sends back a SDP Answer that is equivalent with the TMR prime codec (fallback codec) then the I-MGCF 
shall only apply the cut-though to the fallback codec. 
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In cases where preconditions are used the I-MGCF has to wait for the SDP answer where the preconditions are met and fallback codec is sent back. 
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7.2.3.1 .2.6 Calling party number 

The SIP "Privacy" header is defined within IETF RFC 3323 [40]. The SIP "P-Asserted-Identity" header is defined in 
IETF RFC 3325 [41]. 
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Table 3: Mapping of SIP From/P-Asserted-ldentity/Privacy headers to CLI parameters 



Has a "P- 
Asserted- 
Identity" 
header field 
(NOTE 2, 
NOTE 5, 
NOTE 6) 

been 
received? 


Has a "From" 
header field 
(NOTE 3) 
containing a URI 
that encodes an 
E.164 address 
been received 
(NOTE 6)? 


Calling Party 
Number 
parameter 
Address signals 


Calling Party Number 
parameter 
APRI 


Generic 
Number 
(additional 
calling party 
number) 
address 
signals 


Generic 
Number 
parameter 
APRI 


No 


No 


Network option to 
eltiier include a 
network provided 
E.164 number 
(See table 4) or 
omit the Address 
signals. 
(NOTE 4) 


Network option to set 
APRI to "presentation 
restricted" or 
"presentation allowed" 
(NOTE 4) 
(See table 5) 
As a network option the 
APRI "presentation 
restricted by network" 
(NOTE 7) can be used 
instead of the APRI 
"presentation restricted" 


Parameter not 
Included 


Not 

applicable 


No 


Yes 


Network Option to 
either Include a 
network provided 
E.164 number 
(See table 4) or 
omit the Address 
signals. 
(NOTE 4) 


Network option to set 
APRI to "presentation 
restricted" or 
"presentation allowed" 
(NOTE 4) 
(See table 5) 
As a network option the 
APRI "presentation 
restricted by network" 
(NOTE 7) can be used 
instead of the APRI 
"presentation restricted" 


Network 
Option to 
either omit the 

parameter (if 
CgPN has 
been omitted) 
or derive from 
the "From" 
header 
(NOTE 1 ) 
(See table 6) 


APRI = 
"presentation 
restricted" or 
"presentation 
allowed" 
depending on 
SIP Privacy 
header. 
(See table 6) 


Yes 


No 


Derive from 
P-Asserted- 
Identity 
(See table 5) 


APRI = "presentation 
restricted" or 
"presentation allowed" 
depending on SIP 
Privacy header. 
(See table 5) 


Not included 


Not 

applicable 


Yes 


Yes 


Derived from 
P-Asserted- 
Identlty 
(See table 5) 


APRI = "presentation 
restricted" or 
"presentation allowed" 
depending on SIP 
Privacy header. 
(See table 5) 


Network 
Option to 
either omit the 
parameter or 
derive from the 
"From" header 
(NOTE 1) 
(See table 6) 


APRI = 
"presentation 
restricted" or 
"presentation 
allowed" 
depending on 
SIP Privacy 
header, 
(see table 6) 
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Has a "P- 
Asserted- 
Identity" 
header field 
(NOTE 2, 
NOTE 5, 
NOTE 6) 

been 
received? 



Has a "From" 
header field 
(NOTE 3) 
containing a URI 
that encodes an 
E.I 64 address 
been received 
(NOTE 6)? 



Calling Party 
Number 
parameter 
Address signals 



Calling Party Number 
parameter 
APRI 



Generic 
Number 
(additional 
calling party 
number) 
address 
signals 



Generic 
Number 
parameter 
APRI 



NOTE 1 : This mapping effectively gives the equivalent of Special Arrangement to all SIP UAC with access to the 
l-IVIGCF. 

NOTE 2: It is possible that the P-Asserted-ldentity header field includes both a tel URI and a sip or sips URI. In this 

case, either the tel URI or the SIP URI with user="phone" and a specific host portion, as selected by operator 
policy, may be used. 

NOTE 3: The "From" header may contain an "Anonymous User Identity". An "Anonymous User Identity" includes 
information that does not point to the calling party. IETF RFC 3261 recommends that the display-name 
component contain "Anonymous". That the Anonymous User Identity will take the form defined in 3GPP TS 
23.003 [74]. The Anonymous User Identity indicates that the calling party desired anonymity. The From 
header may also contain an Unavailable User Identity as defined in 3GPP TS 23.003 [74], that indicates that 
the calling party is unknown. 

NOTE 4: A national option exists to set the APRI to "Address not available^'. 

NOTE 5: 3GPP TS 24.229 guarantees that the received number is an E.164 number formatted as an international 

number, with a "+" sign as prefix. 
NOTE 6: The E.164 numbers considered within the present document are composed by a Country Code (CC), 

followed by a National Destination Code (NDC) , followed by a Subscriber Number (SN). On the IMS side, 

the numbers are international public telecommunication numbers ("CC"+"NDC"-i-"SN") and are prefixed by a 

"+" sign. On the CS side, it is a network option to omit the CC. 
NOTE 7: This is an ETSI specific value described within ETSI EN 300 356-1 [70]. 



Table 4: Setting of the network-provided BICC/ISUP calling party number parameter witli a CLI 

(network option) 



BICC/ISUP CgPN Parameter field 


Value 


Screening Indicator 


"network provided" 


Number Incomplete Indicator 


"complete" 


Number Plan Indicator 


ISDN/Telephony (E. 164) 


Address Presentation Restricted Indicator 


Presentation allowed/restricted 
As a network option the APRI value 
"presentation restricted by network" (NOTE) 
can be used instead of the APRI value 
"presentation restricted" 


Nature of Address Indicator 


If next BICC/ISUP node is located in the same 
country set to "National (Significant) number" 
else set to "International number" 


Address signals 


If NOA is "national (significant) number" no 
country code should be included. If NOA is 
"international number", then the country code 
of the network-provided number should be 
included. 


NOTE : This is an ETSI specific value described within ETSI EN 300 356-1 [70] 
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Table 5: Mapping of P-Asserted-ldentity and privacy hieaders to the ISUP/BICC calling party number 

parameter 



SIP Component 


Value 


BICC/ISUP Parameter / field 


Value 


P-Asserted- Identity 
header field (NOTE 1) 


E.164 number 


Calling Party Number 








Number incomplete indicator 


"Complete" 






Numbering Plan Indicator 


"ISDN/Telephony (E. 164)" 






Nature of Address Indicator 


If CC encoded in the 
URI is equal to the CC of 
the country where MGCF 
is located AND the next 
BICC/ISUP node is located 
in the same country then 
set to "national (significant) 
number" 

else set to "international 
number" 






Address Presentation Restricted 
Indicator (APRI) 


Depends on priv-value in 
Privacy header. 






Screening indicator 


Network Provided 


Addr-spec 


"CC" "NDC""SN"from 
the URI 


Address signal 


if NOA is "national 
(significant) number" then 
set to 

"MRr^" _i_ "QM" 

If MOA IQ " intf^fn^tinnal 
11 iNx.^AA lo II 1 LCI 1 icititji idi 

number" 

Then set to "CC"+" 
NDC"+"SN" 


Privacy header field is 
not present 




APRI 


Presentation allowed 


Privacy header field 


priv-value 


APRI 


"Address Presentation 
Restricted Indicator" 


priv-value 


"header" 


APRI 


Presentation restricted 




"user" 


APRI 


Presentation restricted 




"none" 


APRI 


Presentation allowed 




"id" 


APRI 


Presentation restricted 


NOTE 1 : It is possible that a P-Asserted -Identity header field includes both a TEL URI and a SIP or SIPS URI. 
In this case, either the TEL URI or the SIP URI with user="phone" and a specific host portion, as 
selected by operator policy, may be used. 
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7.2.3.1.2.7 Generic number 



Table 6: Mapping of SIP from header field to BICC/ISUP generic number (additional calling party 

number) parameter (network option) 



SIP component 


Value 


BICC/ISUP parameter / field 


Value 


From header field 


name-addr or addr-spec 


Generic Number 
Number Qualifier Indicator 


"Additional Calling Party 
number" 


from-spec 


{ name-addr / addr- 
spec) 








Nature of Address Indicator 


If CC encoded in the 
URI is equal to the CC of 
the country where MGCF is 
located AND the next 
BICC/ISUP node is located 
in the same country then 
Set to "national (significant) 
number" 

Else set to "international 
number" 


Number incomplete indicator 


"Complete" 


Numbering Plan Indicator 


"ISDN/Telephony (E.164)" 


APRI 


Depends on priv-value 
unless Calling party 
number APRI = 
"presentation restricted by 
networl< (NOTE) then set 
GN APRI to "presentation 
allowed". 


Screening indicator 


"user provided not verified" 


Addr-spec 


"CC" "NDC" + "SN" from 
the URI 


Address signal 


if NOA is "national 
(significant) number" Vr\en 
set to 

"NDC" + "SN" 

If NOA is "international 

number" 

Then set to "CC"+" 
NDCV'SN" 


Privacy tieader field 


priv-value 


APRI 


"Address Presentation 
Restricted Indicator" 


Use same APRI setting as for Calling Party Number. 


NOTE : This an ETSI specific value described within ETSI EN 300 356-1 [70] 



7.2.3.1 .2.8 User service information 
For coding of the USI see 7.2.3.1.2.5. 

7.2.3.1 .2.9 Hop Counter (National option) 

The I-MGCF shall perform the following interworking procedure if the Hop Counter procedure is supported in the CS 
network. 

At the I-MGCF the Max-Forwards SIP header shall be used to derive the Hop Counter parameter if apphcable. Due to 
the different default values (that are based on network demands/provisions) of the SIP Max-Forwards header and Ihc 
Hop Counter, a factor shall be used to adapt the Max Forwards to the Hop Counter at the I-MGCF. For example, the 
following guideUnes could be appUed. 

1) Max-Forwards for a given message should be monotone decreasing with each successive visit to a SIP entity, 
regardless of intervening interworking, and similarly for Hop Counter. 

2) The initial and successively mapped values of Max-Forwards should be large enough to accommodate the 
maximum number of hops that may be expected of a vaUdly routed call. 
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Table 7 shows the principle of the mapping: 

Table 7: Max forwards - hop counter 

Max-Forwards | = X | Hop Counter | = INTEGER part of (X /Factor) =Y 
NOTE: The Mapping of value X to Y should be done with the used (implemented) adaptation mechanism. 

The Principle of adoption could be implemented on a basis of the network provision, trust domain rules and bilateral 
agreement. 

7.2.3.1.2.10 Progress Indicator 

If the 1-MGCF supports the PSTN XML body as a network option and an INVITE containing a PSTN XML body is 
received , an available "Progresslndicator" element in the PSTN XML body shall be mapped into a Progress Indicator 
in the Access Transport Parameter of the sent lAM as shown in table 7a00a. 



Table 7a00a Contents of the access transport parameter 



INVITE 


lAM^ 




Access transport parameter 


PSTN XML with Progress indicator No (Value of PI) 


Progress indicator No. (Value of PI) 



7.2.3.1 .2A Coding of the I AM when Number Portability is supported 

This clause describes optional coding procedures when Number Portability is supported. 

7.2.3.1 .2A.1 Coding of the lAM when a Number Portability Routing Number is available 

ITU-T Q. 769.1 [92] describes three possible addressing methods for signalling of the Called Party E.164 address and 
Number Portability Routing Number (ITU-T Q.769.1 [92] uses the terms directory number and network routing number 
respectively). The choice of these methods is based on network operator and national requirements. 

The following sub-clauses describe how the lAM is populated, based on these methods, when a Number Portability 
Routing Number is available in the Request URI in the form of a Tel URI "m=" parameter. 

When the optional Number Portability Routing Number is available and supported, these procedures take precedence 
over procedures for coding of the Called Party Number described in clause 7.2.3.1.2.1. 

If the Number Portability Database Dip Indicator is present within the Request-URI the procedures described in clause 
7.2.3.1.2A.2 apply. When a Number Portability Routing Number is not available, the Called Party Number parameter is 
populated as described in clause 7.2.3.1.2.1. 
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7.2.3.1 .2A.1 .1 Separate Directory Number Addressing Method 



Table 7a.0a: Coding of the called party number and called directory number with Number Portability 

Separate Directory Number Addressing Method 



INVITE^ 


lAM^ 


Request-URI 


Called Party Number 


Called Directory Number 


Called Party E.I 64 address 

(format +CC NDC SN) 
(e.g. as User info in SIP URI 
with user=phone, or as tel URL) 
plus Number Portability Routing 
Number (format +CC NDC SN) 
(e.g. as Tel URI rn= parameter) 
plus Number Portability 
Database Dip Indicator as 
defined in IETF RFC 4694 [93] 
(e.g. as Tel URI npdi parameter) 


Address Signal: 

Analyse the information contained in received 
Number Portability Routing Number. If the 

Number Portability Routing number contains 
an E.164 address, then remove "+CC" and use 
the remaining digits to fill the Address signal. 
Otherwise, use the digits of the Number 
Portability Routing number to fill the Address 
signal. 


Address Signal: 

remove "+CC" from the Called Party 
E.164 address and use the remaining 
digits to fill the Address signals. 


Odd/even Indicator: set as required 


Odd/even indicator: set as required 


Nature of address indicator: 

set Nature of Address indicator to "Network 
routing number in national (significant) number 
fornat" "National (significant) number" and 
"Network routing number in network specific 
number format" may alternately be chosen as 
described in ITU-T Q.769.1 [92] 


Nature of address indicator: 

Set Nature of Address indicator to 
"National (significant) number". 


Internal Network Number Indicator: 

1 routing to internal network number not 
allowed 


Internal Network Number Indicator: 

1 routing to internal network number not 

allowed 


Numbering plan Indicator: 

001 ISDN (Telephony) numbering plan (Rec. 
E.164) 


Numbering plan Indicator: 

001 ISDN (Telephony) numbering plan 
(Rec. E.164) 



7.2.3.1 .2A.1 .2 Concatenated Addressing Method 



Table 7a.0b: Coding of the called party number with Number Portability Concatenated Addressing 

lUlethod 



INVITE^ 


lAM^ 


Request-URI 


Called Party Number 


Called Party E.164 address 

(format +CC NDC SN) 
(e.g. as User info in SIP URI 
with user=phone, or as tel URL) 
plus Number Portability Routing 
Number (format +CC NDC SN) 
(e.g. as Tel URI rn= parameter) 
plus Number Portability 
Database Dip Indicator as 
defined in IETF RFC 4694 [93] 
(e.g. as Tel URI npdi parameter) 


Address Signal: 

Analyse the information contained in received 
Number Portability Routing Number. If the Number 

Portability Routing number contains an E.164 
address, then remove "+CC" and use the 
remaining digits to fill the Address signal. 
Otherwise, use the digits of the Number Portability 
Routing number to fill the Address signal. 

Remove the "+CC" from the Called Party E.164 
address and append the remaining digits to the 
Address signal. 


Odd/even indicator: set as required 


Nature of address indicator: 

set Nature of Address indicator to "Network routing 

number concatenated with called directory number" 
or "National (significant) number" as described in 
ITU-T 0.769.1 [92] 


Internal Network Number Indicator: 

1 routing to internal network number not allowed 


Numbering plan Indicator: 

001 ISDN (Telephony) numbering plan (Rec. 
E.164) 
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7.2.3.1 .2A.1 .3 Separate Network Routing Number Addressing Method 



Table 7a.0c: Coding of the network routing number and caiied party number witli Number Portability 
Separate Network Routing Number Addressing Method 



INVITE^ 


lAIM^ 


Request-URI 


Network Routing Number 


Called Party Number 


Called Party E.164 address 

(format +CC NDC SN) 
(e.g. as User info in SIP URI 
with user=phone, or as tel URL) 
plus Number Portability Routing 
Number (format +CC NDC SN) 
(e.g. as Tel URI rn= parameter) 
plus Number Portability 
Database Dip Indicator as 
defined in IETF RFC 4694 [93] 
(e.g. as Tel URI npdi parameter) 


Address Signai: 

Analyse the information contained in 
received Number Portability Routing 
Number. If the Number Portability Routing 
number contains an E.1 64 address, then 
remove "+CC" and use the remaining digits 
to fill the Address signal. Otherwise, use the 
digits of the Number Portability Routing 
number to fill the Address signal. 


Address Signal: 

remove "+CC" from the Called Party 
E.164 address and use the remaining 
digits to fill the Address signals. 


Odd/even indicator: set as required 


Odd/even indicator: set as required 


Nature of address indicator: 

set Nature of Address indicator to "Network 
routing number in national (significant) 
number fornat". "Network routing number in 
network specific number format" may 
alternately be chosen as described in ITU-T 
Q.769.1 [92] 


Nature of address indicator: 

Set Nature of Address indicator to 
"National (significant) number". 


Numbering plan Indicator: 

001 ISDN (Telephony) numbering plan (Rec. 
E.164) 


Internal Network Number Indicator: 

1 routing to internal network number 
not allowed 


Numbering plan Indicator: 

001 ISDN (Telephony) numbering plan 
(Rec. E.164) 



7.2.3.1 .2A.2 Number Portability Forward Information 

Network Operator or National policy may allow forward transfer of number portability status information, as described 
in ITU-T Q.769.1 [92]. In this case, the following coding applies. 



Table 7a.0d: Coding of the number portability forward information 



INVITE^ 


lAIM^ 


Request-URI 


Number Portability Forward Information 


Called Party E.164 address 
(format -i-CC NDC SN) 
(e.g. as User info in SIP URI with user=phone, or as 
tel URL) plus Number Portability Routing Number 

(format +CC NDC SN) (e.g. as Tel URI rn= 
parameter) plus Number Portability Database Dip 
Indicator as defined in IETF RFC 4694 [93] (e.g. as 
Tel URI npdi parameter) 


If the Number Portability Database Dip Indicator is present, 
and there is no Number Portability Routing Number, set to 
"number portability query done for called number, non-ported 
called subscriber". 

If the Number Portability Database Dip Indicator is present, 
and a Number Portability Routing Number is present, set to 
"number portability query done for called number, ported 
called subscriber". 

If there is no Number Portability Database Dip Indicator, set 
to "number portability query not done for called number" 



7.2.3.1 .2B Coding of the I AM for Carrier Routeing 

This clause describes optional coding procedures for carrier-based routeing. The interworking of the CIC and DAI 
parameters is defined. 

7.2.3.1 .2B.1 Coding of the lAM when a Carrier Identification Code (CIC) is present 

The procedures followed in clause 7.2.3.1.2.1 apply with the following addition. 
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Based on network configuration, if the tel-URI parameter in a tel-URI or the userinfo part of a SIP URI with 
user=phone in the Request-URI of an initial INVITE request, contains a "cic=" parameter, as defined in IETF RFC 
4694 [93], the I-MGCF may extract the carrier identification code from the "cic=" field for routeing the call. If the 
outgoing lAM message contains the Transit Network Selection (TNS) parameter, as defined in ITU-T Q.763 [4], based 
on network configuration the TNS may be populated using the carrier identification code from the "cic=" field. The 
format of the "cic" parameter (eg. global-cic and local-cic) shall be compliant to IETF RFC 4694 [93]. 



7.2.3.1 .2B.2 Coding of the lAM when Dial Around Indication (DAI) is present 

The procedures followed in clauses 7.2.3. 1.2. 1 and 7.2.3. 1.2B. I apply with the following addition. 

If the tel-URI parameter in a tel-URI or the userinfo part of a SIP URI with user=phone in the Request-URI of an initial 
INVITE request, contains a "dai=" parameter, as defined in IETF draft-yu-tel-dai-02 [95], the I-MGCF may extract the 
carrier selection code from the "dai=" field for routeing the call. If the outgoing lAM message contains the Carrier 
Selection Information parameter (CSI), defined in ITU-T Q.763 [4] based on network configuration the CSI may be 
populated using the carrier selection code from the "dai=" field. The mapping of Dial Around Indication to Carrier 
Selection Information, is shown below: 



Table 7a.0e : Mapping of SIP Dial Around Indicator to ISUP Carrier Selection Information 



SIP "dai=" component 


ISUP Carrier Selection Information parameter 


"no ind" 


"no indication" (00) 


"presub" 


"selected carrier identification code pre-subscribed and no input by calling party" (01) 


"presub-da" 


selected carrier identification code presubscribed and input by calling party (02) 


"presub-daUnkwn" 


selected carrier identification pre-subscribed and input by calling party undetermined 

(03) 


"da" 


selected carrier identification not pre-subscribed, and input by calling party (04) 


"CIC-chrgPty" 


"no indication" (00) 


"altCIC-chrgPty" 


"no indication" (00) 


"verbal-clgPty" 


selected carrier identification code not presubscribed and input by calling party (04) 


"verbal-chrgPty" 


"no indication" (00) 


"emergency" 


"no indication" (00) 


"presubUnkwn-da" 


carrier selected by input from calling party (10) 


"operator" 


carrier selected by a network operator (1 1 ) 



7.2.3.1.3 Sending of COT 



SDP indicating 
pre-conditions 
met 



I-JVIGCF 
— ► 



COT 



Figure 5: Sending of COT 

If the lAM has already been sent, the Continuity message shall be sent indicating "continuity check successful", when 
all of the following conditions have been met: 

- the requested preconditions (if any) in the IMS network have been met 

- A possible outstanding continuity check procedure is successfully performed on the outgoing circuit 
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7.2.3.1 .3A Sending of SAM 

7.2.3. 1.3A.1 General 

The procedures in the present clause are only applicable it the I-MGCF supports the network option of 
overlapsignalling, using either the in-dialog method or the multiple ESTVITEs method. Within one IMS only a single of 
those methods shall be used. 

After the ISUP lAM message has been sent the I-MGCF can receive additional digits. The additional digits may either, 
as a network option, be received in in-dialog SIP INFO requests (in-dialog method) as specified in subclause 
7.2.3. 1.3A.2 or in additional SIP INVITE requests (multiple INVITEs method) as specified in 7.2.3. 1.3A.3. 



I-MGCF 



SW message 
carrying 
additional digits 



SAM 



Figure 5a: Sending of SAIUl 



7.2.3.1 .3A.2 Additional digits received in in-dialog SIP INFO requests 

If interworking of overlap signalling using the in-dialog method is supported by the I-MGCF, the ISUP lAM message 
has already been sent, but no ISUP ACM or REL message has been received, and a SIP INFO request carrying 
additional digits is received, then the I-MGCF shall generate a SAM and pass it to outgoing BICC/ISUP procedures. 
The SAM shall contain in its Subsequent Number parameter only the additional digits received in this SIP INFO 
request. 



7.2.3.1 .3A.3 Additional digits received in SIP INVITE requests 

If interworking of overlap signalUng using the multiple INVITEs method is supported by the I-MGCF, the ISUP lAM 

message has already been sent, but no ISUP ACM or REL message has been received, and the I-MGCF receives an 
INVITE with the same Call-ID and From tag as a previous INVITE which was associated with a BICC/ISUP call/bearer 
control instance currently existing on the BICC/ISUP side, then: 

a) If the number of digits in the Request-URI is greater than the number of digits already received for the 
communication, the I-MGCF shall generate a SAM and pass it to outgoing BICC/ISUP procedures. The SAM 
shall contain in its Subsequent Number parameter only the additional digits received in this Request-URI 
compared with the digits already received for the communication. The I-MGCF shall reply to any earlier 
INVITE with a 484 Address Incomplete response if this has not already been done. 

b) If the number of digits in the Request-URI is equal or less than the number of digits already received for the 
communication, then the I-MGCF shall immediately send a 484 Address Incomplete response for this INVITE. 
In this case, no SAM shall be sent to BICC/ISUP procedures. 



ETSI 



3GPP TS 29.163 version 8.5.0 Release 8 



44 



ETSI TS 129 163 V8.5.0 (2009-02) 



l-MGCF 



1. INVITE (1 



-3. INVITE (2)^ 

—5. 484 (1) 

-6. INVITE (3)— ► 
—8. 484 (2) 



-2. lAM- 



-4. SAM- 



-7. SAM- 
-9.ACM- 



-10. 180(3)^ 



Figure 5b: Receipt of subsequent INVITE for multiple INVITEs method overlap signalling 



On sending of a 484 Address Incomplete message for an INVITE transaction, the I-MGCF considers any offer/answer 
exchange initiated by the INVITE to be terminated. The new INVITE initiates a new offer/answer exchange. However, 
if resources have already been reserved and they can be reused within the new offer/answer exchange, the precondition 
signalling shall reflect the current status of the affected preconditions. 

7.2.3.1 .4 Sending of 180 ringing 

The I-MGCF shall send the SIP 180 Ringing when receiving any of the following messages: 
- ACM with Called party's status indicator set to subscriber free. 

I-MGCF 



180 Ringing 
P-Early-Media(l) 


ACM 
(Subscriber Free) 
< 


M 


Ring tone 








NOTE: Including the P-Early-Media Header Is a network option for a speech call. 

Figure 6: The receipt of ACM 



- CPG with Event indicator set to alerting 
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I-MGCF 



180 Ringing 
P-Early-Media (1) 



CPG (Alerting) 



Ring tone 



NOTE: Including the P-Early-Media Header is a network option for a speech call. 

Figure 7: Receipt of CPG (Alerting) 

For a speech call, if the I-MGCF supports the P-Early-Media header as a network option, and if the INVITE request 
includes the P-Early-Media header, the I-MGCF shall include in the SIP 180 Ringing response a P-Early-Media header 
authorizing early media, except when 

the I-MGCF has already sent a reliable provisional response (see IETF RFC 3262 [54]) including a P-Early- 
Media header, as defined in IETF RFC 5009 [89], and 

- the most recently sent P-Early-Media header authorized early media. 

NOTE: If the I-MGCF signals the P-Early-Media header authorizing early media, then the IMS can expect tones 
or announcements to the calling party to flow from the CS network via an MGW controlled by the I- 
MGCF. In particular, once the I-MGCF sends the 180 Ringing response, ringback is expected in media 
from the CS network. 

As a network option, an I-MGCF may generate a Call-Info header field, or an Alert-Info header field according to rules 
and procedures of IETF RFC 3261 [19] to provide media instead of the in-band media received from the PSTN. 

If the I-MGCF supports the PSTN XML body as a network option and the I-MGCF interworks media encoded in any of 
the formats in Table 2a (G.71 1, Clearmode or t38) without transcoding, the I-MGCF shall map the Access Transport 
Format received in the CPG or ACM into PSTN XML elements as shown in Table 7a.0f and include this XML body in 
the 180 Ringing. 



Table 7a.0f : ISUP Parameters with lUlapping of PSTN XML elements 



^18x 


^CPG or ACM 


PSTN XML 


ISUP Parameter 


Content 


Progresslndlcator 


Access Transport Parameter 


Progress Indicator 


HighLayerCompatibllity 


High layer compatibility 


LowLayerCompatibility 


Low layer compatibility 


Bearer Capability 


Bearer Capability 


BearerCapability 


Transmission medium used 
parameter (NOTE ) 




NOTE : see Clause 7.2.3.1 .4.1 Transmission Medium Used parameter (TMU) 



If the I-MGCF supports the PSTN XML body as a network option , an available "Progresslndlcator" element in the 
ACM or CPG contained in the ATP parameter shall be mapped into a Progress Indicator in the PSTN XML body of the 
180 ringing as shown in table 7a0g. 
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Table 7a.0g: Sending criteria of the XIUIL witli Progress indicator No (Value of PI) 



<- 180 Ringing 


<-ACM 


PSTN XiUIL body with Progress indicator No (Value of PI) 


Content 

Backward call Indicators parameter 
Optional backward call indicators parameter 


No. 1 

(Call is not end-to-end ISDN: "further progress information 

may be available in-band") 


Backward call indicators parameter 
ISDN User Part indicator 

"ISDN User Part not used all the way" 


No. 2 

("Destination address is non-ISDN") 


Backward call indicators parameter 
ISDN User Part indicator 

1 "ISDN User Part used all the way" 
ISDN access indicator 

"Terminating access non-ISDN" 


No. 7 

meaning: Terminating access ISDN 


Backward call indicators parameter 
ISDN User Part indicator 

1 "ISDN User Part used all the way" 
ISDN access indicator 

1 "Terminating access ISDN" 


No.8 

"In-band information or appropriate pattern is now available" 


Optional backward call indicators parameter 
In-band information indicator 
in-band information or an appropriate pattern is 
now available 



7.2.3.1.4.1 Transmission Medium Used parameter (TMU) 

If the Transmission Medium Used parameter (TMU) is present and the BC is not available in the ATP in the Address 
Complete Message (ACM) or Call Progress Message (CPG), and if no BC is available in the ATP, and if no progress 
indicator No. 1 (call is not end-to-end ISDN) or No. 2 (destination address is non-ISDN) has been received in the CPG 
or ACM, the TMU value (Speech or 3.1 kHz audio) shall be included in the PSTN XML BearerCapability. 
If the Transmission Medium Used parameter (TMU) and the BC is available in the ATP in the Address Complete 
Message (ACM) or Call Progress Message (CPG), and if no progress indicator No. 1 (call is not end-to-end ISDN) or 
No. 2 (destination address is non-ISDN) has been received in the CPG or ACM, the BC value shall be included to the 
PSTN XML BearerCapability 



Table 7b.2 - Sending of BC fallback indication 



<- 180 Ringing or 183 Session Progress 


<-ACM/CPG 


PSTN XML BearerCapability = "Speech" 


TMU "Speech" 
ATP No BC 


PSTN XML BearerCapability = "3.1 kHz audio" 


TMU "3.1 kHz audio" 
ATP No BC 


PSTN XML BearerCapability received in the ATP 
("speech or 3.1 kHz audio") 


TMU "Speech or 3.1 kHz audio" 
ATP BC ("speech or 3. 1 kHz audio") 



7.2.3.1 .4A Sending of 1 83 Session Progress for early media scenarios 

If SIP preconditions are used, the first 183 Session Progress will be sent after the reception of the INVITE request, 
before any ISUP message has been received from the CS network. The I-MGCF shall not include the P-Early-Media 
header in any SIP message before it receives an ISUP ACM. 

For a speech call upon receipt of one of the following messages, if the I-MGCF supports the P-Early-Media header as a 
network option, and if the I-MGCF has received the P-Early-Media header in the INVITE request, and has not already 
sent a provisional response including a P-Early-Media header with parameters indicating authorization of early media, 
then the I-MGCF shall send the 183 Session Progress response with a P-Early-Media header authorizing early media: 

- ACM with the value of the called party's status indicator "no indication" and one of the options described in 
table 7al. Based on local configuration, the 1-MGCF may also send a 183 Session Progress response with a P- 
Early-Media header authorizing early media if it receieves an ACM with other parameters than described in table 
7al. 
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I-MGCF 



183 Progress 
P- Early-Media 



ACM 
(No indication) 



. SEETSEd^te announce me nt_ 



Figure 7c: Receipt of ACIUl "No indication" 



Table 7a. 1 : ACM Parameters that trigger the 183 Session Progress response 



^183 Session Progress 


^ACM 


183 Session Progress response including a P-Early- 
IVIedia header authorizing early media, if not already sent 

PSTN XML with Progresslndicator value No.8 
"In-band information or appropriate pattern is now 
available" 


1) Optional backward call indicators parameter 
In-band information indicator 

1 "In-band info or an appropriate pattern is 
now available".. 

2) Backward call indicators parameter 
ISDN User Part indicator 

"ISDN User Part not used all the way" 



NOTE: As a network option the I-MGCF can also map ACM into 183 in other cases than those described in table 
7al. 

- CPG message, when: 

1 . Event indicator is set to "in-band information or an appropriate pattern is now available", or 

2. Event indicator is set to "Progress" and one of the options described in table 7bl . 



I-MGCF 



183 Progress 
P- Early- Media 



CPG 

(in-band information available) 



ap_progriate anno_uncment 



Figure 7d: Receipt of CPG (in-band information available) 
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Table 7b.1 : CPG Parameters that trigger the 183 Session Progress response 



<-183 Session Progress 


<-CPG 


183 Session Progress response including a P- 
Early-Media header authorizing early media, if 
not already sent 

PSTN XIUIL with Progress Indicator No.8 
"In-band information or appropriate pattern is 
now available" 


tveni inoicaior 

000 0010 {progress) 

1) Optional backward call indicators parameter 
In-band information indicator 

"In-band info or an appropriate pattern is now 
available" 

2) Bacl<ward call indicators parameter 
ISDN User Part indicator 

"ISDN User Part not used all the way" 


NOTE 1 : The mapping of the contents in the CPG message is only relevant if the information received in 
the message is different compared to earlier received information, e.g., in the ACM message or 
a CPG message received prior to this message. 

NOTE 2: 183 Session Progress message including a P-Early-Media header authorizing early media may 
only be sent for a speech call. 



NOTE: As a network option the I-MGCF can also map CPG into 183 in other cases than those described in table 
7al. 

If the I-MGCF supports the PSTN XML body as a network option and the I-MGCF interworks media encoded in any of 
the formats in Table 2a (G.711, Clearmode or t38) without transcoding, the I-MGCF shall map the Access Transport 
Format received in the CPG or ACM into PSTN XML elements as shown in Table 7a.0f and include this XML body in 

the 183 Session Progress. 

As a network option, an I-MGCF may generate a Call-Info header field, or an Alert-Info header field according to rules 
and procedures of IETF RFC 3261 [19] to provide media instead of the in-band media received from the PSTN. 

If the I-MGCF supports the PSTN XML body as a network option , an available BCI element in the ACM or CPG shall 
be mapped into a Progress Indicator in the PSTN XML body of the 183 session progress as shown in table 7a0g. 

7.2.3.1 .4B Sending of 181 Call is being forwarded 

The I-MGCF shall send the SIP 181 Call is being forwarded when receiving any of the following mes sages: 

ACM with call diversion information not indicating that presentation is not allowed and optional backward call 
indicators indicate that in-band information is available. 



I-MGCF 
181 Call is being 



forwarded 
P-Early-Media (1) 


ACM( call diver- 
sion information) 
^ 




< 


Audio 







NOTE 1 : Including the P-Early-Media Header is a network option for a speech call. 

Figure 7c: The receipt of ACIUI (call diversion information) 



- CPG with call diversion information not indicating that presentation is not allowed and optional backward call 
indicators indicate that in-band information is available. 
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I-MGCF 
181 Call is being 



forwarded 




P-Early-Media (1) 


CPG(Call diversion 




information) 


M 






Audio 


A 





NOTE 1 : Including the P-Early-Media Header is a network option for a speech call. 

Figure 7d: Receipt of CPG (Call diversion information) 

For a speech call, if the I-MGCF supports the P-Early-Media header as a network option, and if the INVITE request 
includes the P-Early-Media header, the I-MGCF shall include in the SIP 181 Call is being forwarded response a P- 
Early-Media header authorizing early media, except when 

the I-MGCF has already sent a reliable provisional response including a P-Early-Media header, as defined in 
IETF RFC 5009 [89], or a 180 Ringing response and 

- the most recently sent P-Early-Media header authorized early media. 

NOTE: If the I-MGCF signals the P-Early-Media header authorizing early media, then the IMS can expect tones 
or announcements to the calling party to flow from the CS network via an MGW controlled by the I- 
MGCF. 



7.2.3.1 AC Sending of 1 83 Session Progress for overlap signalling using the in-dialog 
method 

If the I-MGCF supports the network option of overlap signalHng using the in-dialog method, and the SIP INVITE 
request contained an indication that the lOOrel extension is supported or required, the I-MGCF shall send a reUable 183 
(Session Progress) response immediately after the reception of an INVITE request. 

NOTE: If the INVITE request does not contain an indication that the lOOrel extension is supported or required, it 
is assumed that overlap is not used, and that no further digits will be received. 



7.2.3.1 .5 Sending of the 200 OK (INVITE) 

The following cases are possible trigger conditions for sending the 200 OK (INVITE): 
- The reception of the ANM. 



I-MGCF 



200 OK (INVITE) 


ANM 


< 


< 



Figure 8: Receipt of ANM 



- The reception of the CON message. 
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I-MGCF 



200 OK (INVITE) 


CON 


< 


< 



Figure 9: Receipt of CON 



If the I-MGCF supports the PSTN XML body as a network option and the I-MGCF interworks media encoded in any of 
the formats in Table 2a (G.711, Clearmode or t38) without transcoding, the I-MGCF shall map the Access Transport 
Format received in the CPG or ACM into PSTN XML elements as shown in Table 7a.0f and include this XML body in 
the 200 OK (INVITE). 

On receipt of an ANM/CON message containing the ATP including the Bearer Capability set to "unrestricted digital 
information with tones/announcement" without TMU parameter the 200 OK message shall contain the PSTN XML 
Bearer Capability "imrestricted digital information with tones/announcement". 

7.2.3.1 .6 Sending of the Release message (REL) 

The following are possible triggers for sending the Release message: 
• Receipt of the BYE method. 

I-MGCF 



BYE 


REL 


► 


► 



Figure 10: Receipt of tlie Bye method 



- Receipt of the CANCEL method 

I-MGCF 



CANCEL 


REL 

► 


► 





Figure 11 : Receipt of Cancel method 



Additional triggers are contained in table 10. 
7.2.3.L7 Coding of the REL 

If the Reason header field with Q.850 Cause Value is included in the BYE or CANCEL request, then the Cause Value 
shall be mapped to the ISUP Cause Value field in the ISUP REL . The mapping of the Cause Indicators parameter to the 
Reason header is shown in Table 8a. Table 8 shows the coding of the Cause Value in the REL if it is not available from 
the Reason header field. In both cases, the Location Field shall be set to "network beyond interworking point". 
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Table 8: Coding of REL 



SIP Message 


REL ^ 


Request 


cause parameter 


BYE 


Cause value No. 16 (normal clearing) 


CANCEL 


Cause value No. 31 (normal unspecified) 



Table 8a - Mapping of SIP Reason header fields 
into Cause Indicators parameter 



Component of SIP 
Reason header field 


Component value 


BICC/ISUP Parameter field 


Value 


Protocol 


"Q.850' 


Cause Indicators parameter 




protocol-cause 


"cause = XX' 
(NOTE 1) 


Cause Value 


"XX' (NOTE 1) 






Location 


"network beyond 
interworking point" 


NOTE 1 : "XX" is the Cause Value as defined in ITU-T Rec. O.850. 



Editor's Note: The mapping of reason headers towards the ISDN may be misused due to possible user creation of 
the reason header since there is no screening in IMS. 

If the I-MGCF supports this PSTN XML body as a network option and the I-MGCF interworks media encoded in any 
of the formats in Table 2a (G.71 1, Clearmode or t38) without transcoding, and if a PSTN XML body is received in the 
BYE or CANCELrequest, the I-MGCF shall derive the Access Transport Parameter and User Tele Service Information 
elements in the REL message from the PSTN XML body as shown in Table 8b. 



Table 8b : Mapping of PSTN XML elements with ISUP Parameters 



BYE or CANCLE ^ 


REL -> 


PSTN XML 


ISUP Parameter 


Content 


HighLayerCompatibility 


Access Transport Parameter 


High layer compatibility 


LowLayerCompatibility 


Low layer compatibility 


HighLayerCompatibility 


User Tele Service 


High layer compatibility 



7.2.3.1 .8 Receipt of the Release Message 

If the REL message is received and a final response (i.e. 200 OK (INVITE)) has already been sent, the I-MGCF shall 
send a BYE message. 

NOTE: According to SIP procedures, in the case that the REL message is received and a final response (e.g. 200 
OK (INVITE)) has already been sent (but no ACK request has been received) on the incoming side of the 
I- MGCF then the I- MGCF does not send a 487 Request terminated response and instead waits until the 
ACK request is received before sending a BYE message. 

If the REL message is received and the final response (i.e. 200 OK (INVITE)) has not already been sent, the I- MGCF 
shall send a Status-Code 4xx (Client Error) or 5xx (Server Error) response. The Status code to be sent is determined by 
examining the Cause code value received in the REL message. Table 9 specifies the mapping of the cause code values, 
as defined in ITU-T Recommendation Q.850 [38], to SIP response status codes. Cause code values not appearing in the 
table shall have the same mapping as the appropriate class defaults according to ITU-T Recommendation Q.850 [38]. 



Table 9: Receipt of the Release message (REL) 



<-SIP Message 


<r- REL 


Status code 


Cause parameter 


404 Not Found 


Cause value No. 1 (unallocated (unassigned) number) 


500 Server Internal 
error 


Cause value No 2 (no route to network) 


500 Server Internal 
error 


Cause value No 3 (no route to destination) 
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<-SIP Message 


<- REL 


Status code 


Cause parameter 


500 Server Internal 
error 


Cause value No. 4 (Send special information tone) 


404 Not round 


Cause value No. 5 (Misdialled trunk prefix) 


486 Busy Here 


Cause value No. 17 (user busy) 


480 Temporarily 
unavailable 


Cause value No 18 (no user responding) 


480 Temporarily 
unavailable 


Cause value No 1 9 (no answer from the user) 


480 Temporarily 
unavailable 


Cause value No. 20 (subscriber absent) 


603 Decline 


Cause value No 21 (call rejected), Location = 000 / user (U) 


480Temporarily 
unavailable 


Cause value No 21 (call rejected) , Location <> 000 / user (U) 


410 Gone 


Cause value No 22 (number changed) 


433 Anonymity 
Disallowed.(NOTE 1) 


Cause value No. 24 (call rejected due to ACR supplementary service) 


480 Temporarily 
unavailable 


Cause value No 25 (Exchange routing error) 


502 Bad Gateway 


Cause value No 27 (destination out of order) 


484 Address 
Incomplete 


Cause value No. 28 invalid number format (address incomplete) 


500 Server Internal 
error 


Cause value No 29 (facility rejected) 


480 Temporarily 
unavailable 


Cause value No 31 (normal unspecified) (class default) (NOTE 2) 


486 Busy here if 
Diagnostics indicator 
includes the (CCBS 
indicator = CCBS 
possible) 
else 480 Temporarily 
unavailable 


Cause value in the Class 010 (resource unavailable, Cause value No 34) 


500 Server Internal 
error 


Cause value in the Class 010 
(resource unavailable, Cause value No's. 38, 41 , 42, 43, 44, & 47) (47 Is class 

^nfm il4-\ 

default) 


500 Server Internal 
error 


Cause value No 50 (requested facility no subscribed) 


500 Server Internal 
error 


Cause value No 57 (bearer capability not authorised) 


500 Server Internal 
error 


Cause value No 58 (bearer capability not presently) 


500 Server Internal 

error 


Cause value No 63 (service option not available, unspecified) 

(class default) 


500 Server Internal 
error 


Cause value in the Class 100 (service or option not implemented. Cause value 
No's. 65, 70 & 79) 79 is class default 


500 Server Internal 
error 


Cause value No 88 (incompatible destination) 


404 Not Found 


Cause value No 91 (invalid transit network selection) 


500 Server Internal 
error 


Cause value No 95 (invalid message) 
(Class default) 


500 Server Internal 
error 


Cause value No 97 (Message type non-existent or not implemented) 


500 Server Internal 

error 


Cause value No 99 (information element/parameter non-existent or not 

implemented)) 


480 Temporarily 
unavailable 


Cause value No. 102 (recovery on timer expiry) 


500 Server Internal 
error 


Cause value No 110 (Message with unrecognised Parameter, discarded) 


500 Server Internal 
error 


Cause value No. 1 1 1 (protocol error, unspecified) 
(class default) 
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<-SIP Message 


<- REL 


Status code 


Cause parameter 


480 Temporarily 
unavailable 


Cause value No. 127 (interworking unspecified) 
(class default) 


NOTE 1 : Anonymity Disallowed, RFC 5079 [77] refers 
NOTE 2: Class 1 and class 2 have the same default value. 



A Reason header field containing the received (Q.850) Cause Value of the REL shall be added to the SIP final response 
or BYE request sent as a result of this clause. The mapping of the Cause Indicators parameter to the Reason header is 
shown in Table 9a. 



Table 9a - Mapping of Cause Indicators parameter into SIP Reason header fields 



Cause indicators 
parameter field 


Value of parameter 
field 


component of SIP 
Reason header field 


component value 






protocol 


"Q.85a' 


Cause Value 


"XX' (NOTE 1) 


protocol-cause 


"cause = XX' 
(NOTE 1) 






reason-text 


Should be filled with the 
definition text as stated in 
ITU-T Rec. Q.850 [38]. 
(NOTE 2) 


NOTE 1 : "XX" is the Cause Value as defined in ITU-T Rec. Q.850 [38]. 

NOTE 2: Due to the fact that the Cause Indicators parameter does not include the definition text as defined in 
Table 1 /Q.850, this is based on provisioning in the l-MGCF. 



As a network option, an I-MGCF may generate an Error-Info header field according to rales and procedures of 
IETF RFC 3261 1 19|to provide media instead of the in-band media received from the PSTN. 



If the I-MGCF supports the PSTN XML body as a network option and the I-MGCF interworks media encoded in any of 
the formats in Table 2a (G.711, Clearmode or t38) without transcoding, the I-MGCF shall map the Access Transport 
Format received in the REL into PSTN XML elements as shown in Table 9aa and include this XML body in the 200 
OK (INVITE). 



Table 9aa : ISUP Parameters with Mapping of PSTN XML elements 



<-4xx,5xx,6xx 


<-REL 


PSTN XML 


ISUP Parameter 


Content 


Progresslndicator 


Access Transport Parameter 


Progress indicator 


HighLayerCompatibility 


High layer compatibility 


LowLayerCompatibllity 


Low layer compatibility 



7.2.3.1 .9 Receipt of RSC, GRS or CGB (H/W oriented) 

If a RSC, GRS or CGB (HAV oriented) message is received after an initial address message has been sent for that 
circuit and after at least one backward message relating to that call has been received then: 

1) If the final response (i.e. 200 OK (INVITE)) has already been sent, the I-MGCF shall send a BYE message. 

2) If the final response (i.e. 200 OK (INVITE)) has not already been sent, the I-MGCF shall send a SIP response 
with Status-Code 480 Temporarily Unavailable. 
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MGCF 



REFER 
To: B 

— P-Asserted ID: A ► 

Refer to: C 
Method: INVITE 

403 Forbidden 



Figure 11a: Receipt of REFER method 

Upon receipt of a REFER request at the MGCF , the default behaviour of the I-MGCF is to reject the REFER request 
with a 403 Forbidden response. 

NOTE: The I-MGCF may also decide for example to execute the REFER request as specified in IETF RFC 3515 
[75] as an operator option, but such handling is outside of the scope of the present document. 

7.2.3.1 .10 Autonomous Release at I-MGCF 

Table 10 shows the trigger events at the MGCF and the release initiated by the MGCF when the call is traversing from 
SIP to ISUP/BICC. 

A Reason header field containing the (Q.850) Cause Value of the REL message sent by the I-MGCF shall be added to 
the SIP Message (BYE request or final response) sent by the SIP side of the I-MGCF. 

Editor's Note: It is EES whether to indicate the cause value for internal error in the network to the user. 
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Table 10: Autonomous Release at l-MGCF 



<- SIP 
Response 


Trigger event 


REL -> 
cause parameter 


484 Address Incomplete 


Determination that insufficient digits 
received. 


Not sent. 


480 Temporarily Unavailable 


Congestion at the MGCF/Call is not 
routable. 


Not sent. 


BYE 


ISUP/BICC procedures result in 
release after answer 


According to ISUP/BICC 
procedures. 


BYE 


SIP procedures result in release after 

answer. 


127 (Interworking unspecified) 


500 Server Internal error 


Call release due to the ISUP/BICC 
compatibility procedure (NOTE) 


According to ISUP/BICC 
procedures. 


484 Address Incomplete 


Call release due to expiry of T7 within 
the ISUP/BICC procedures 


According to ISUP/BICC 
procedures. 


480 Temporarily Unavailable 


Call release due to expiry of T9 within 
the BICC/ISUP procedures 


According to BICC/ISUP 
procedures. 


480 Temporarily Unavailable. 


Other BICC/ISUP procedures result in 
release before answer. 


According to BICC/ISUP 
procedures. 


NOTE: MGCF receives unrecognized ISUP or BICC signalling information and determines that the call needs 
to be released based on the coding of the compatibility indicators, refer to ITU-T Recommendation 
Q.764 [4] and ITU-T Q.1 902.4 [30]. 



7.2.3.1 .1 1 Internal through connection of the bearer path 

The through connection procedure is described in clause subclauses 9.2.3.1.7 and 9.2.3.2.7. 



7.2.3.2 Outgoing Call Interworking from ISUP to SIP at 0-MGCF 
7.2.3.2.1 Sending of INVITE 

7.2.3.2.1.1 General 

O-MGCF 

lAM 

INVITE 



Figure 11b: Receipt of an lAIUI 

Upon reception of an lAM message, the O-MGCF shall send a SIP INVITE request, as further detailed in the sub- 
clauses below. 

An O-MGCF shall support both the SIP preconditions and 100 rel extensions and indicate the support of the SIP 
preconditions and lOOrel extensions in the INVITE request, unless the Note below applies. 

NOTE: If the O-MGCF is deployed in an IMS network that by local configuration serves no user requiring 
preconditions, it may send the INVITE request without indicating support of preconditions. 

7.2.3.2.1 .2 Interaction with continuity check 

If the Continuity Check indicator in the Nature of Connection Indicators parameter in the incoming lAM is set to 

indicate either "continuity check required on this circuit" or "continuity check performed on previous circuit" , the O- 
MGCF shoulddefer sending the INVITE request until receiving a COT message. 
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NOTE: If the Continuity Check indicator in the Nature of Connection Indicators parameter in the incoming lAM 
is set to indicate either "continuity check required on this circuit" or "continuity check performed on 
previous circuit" and the O-MGCF sends the INVITE request before receiving a COT message, the 
following considerations apply: If the receiving terminal is not supporting the SIP precondition and the 
SIP UPDATE method, clipping may occur. Furthermore, if the MGCF sets the SDP "inactive" attribute in 
the initial INVITE request and the receiving terminal is not supporting the SIP precondition, the 
interworking procedures within the present specification do not describe all necessary signalling 
interactions required to set up a call, in particular with respect to the sending of the re-INVITE that may 
also cause additional delay in the call setup. In addition, the interworking of the ringing indication might 
not be possible if the peer sends the ringing indication only as response to a re-INVITE. 



O-MGCF 



lAM 



COT 
"(NOTE)" 



INVITE 



NOTE: Waiting for the COT is recommended, if tlie Continuity Clieck indicator in the Nature of Connection 

Indicators parameter in the incoming lAM Is set to indicate either "continuity check required on this circuit' 
or "continuity check performed on previous circuit 

Figure 12: Receipt of an lAIUl (Waiting for the COT message) 



7.2.3.2.1 .3 lAM without calling party number 

If no calling party number is received in the incoming lAM message, as a network option, the O-MGCF may send an 
INR message to request the calling party number and not send the INVITE request until receiving an INF message with 
calUng party number. If no calling party number is received in the INF message, O-MGCF may reject or continue the 
call based on local configuration. 



O-MGCF 



lAM 


INVITE ^ 


► 

INR 

< 


INF ^ 







Figure 12a: Receipt of an lAIUl (Request for calling party number) 
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7.2.3.2.1 .4 Terminating overlap signalling at MGCF 

0-MGCF 



lAM 


INVITE 


► 

SAM 


► 


► 



Figure 13: Receipt of an lAIUI (Overiap signaliing in CS network) 

After initiating the normal incoming BICC/ISUP call establishment procedures, determining the end of address 
signalling and selecting to route the call to the IMS domain, the O-MGCF shall send the initial INVITE. 

The end of address signalling shall be determined by the earUer of the following criteria: 

a) by receipt of an end-of-pulsing (ST) signal; or 

b) by receipt of the maximum number of digits used in the national numbering plan; or 

c) by analysis of the called party number to indicate that a sufficient number of digits has been received to route the 
call to the called party; or 

d) by observing that timer Ti/wl has expired after the receipt of the latest address message and the minimum 
number of digits required for routing the call have been received. 



If the end of the address signalling is determined in accordance with criteria a) b) or c), the timer Ti/w2 is started when 
INVITE is sent. 

7.2.3.2.1.5 Fallback (optional) 

The Fallback mechanism described in the present Clause shall only apply if the MGCF supports the PSTN XML body 
as a network option. 

When the lAM includes a TMR and a TMR prime parameter and a USI and USI Prime parameter then the O-MGCF 
shall: 

- Map the USI Prime into the second Bearer Capability stated in the XML Bearer CapabiUty element and 

- For the TMR and USI Prime the mapping shall apply according to the procedures described within clause 
7.2.3.2.2.2 for the first offered codec. 

Map the USI into the first Bearer Capability stated in the XML Bearer Capability element and 

- For the TMR prime and USI the mapping shall apply according to the procedures described within clause 
7.2.3.2.2.2 for the second offered codec. 

NOTE: If the Fallback mechanism is not supported the ISUP Fallback procedures apply. 

In cases where the fallback appears within the terminating entity and sends back a SDP Answer that is equivalent with 
the TMR prime codec (fallback codec) then the O-MGCF shall only apply the cut-though to the fallback codec. 

In cases where preconditions are used the O-MGCF has to wait for the SDP answer where the preconditions are met and 
fallback codec is sent back. 



ETSI 



3GPP TS 29.163 version 8.5.0 Release 8 



58 



ETSI TS 129 163 V8.5.0 (2009-02) 



7.2.3.2.1 a Sending of INVITE without determining tine end of address signalling 
7.2.3.2.1 a.1 General 

As a network option, the O-MGCF is not required to determine the end of address signalling. In this case the O-MGCF 
shall send an initial INVITE when a preconfigured number of digits has been reached. 

When the MGCF receives ISUP SAM messages the additional digits received in the SAMs may either be sent using the 
in-dialog overlap method as specified in subclause 7.2.3.2. la.2 or using the multiple INVITEs overlap method as 
specified in 7.2.3.2.1a.3. It depends on the network configuration which of these methods is applied. However, within 
one IMS only a single method shall be used. 

7.2.3.2. 1a.2 Additional digits sent with in-dialog overlap method 



O-MGCF 



lAM 

► 




SAM 

> 


INVITE ^ 
404/484 


INVITE 


SAM 




INFO ^ 




, 200 (INFO) 


« 





Figure 14: Overiap signaiiing using in-diaiog INFOs in CS an IIUIS network 



If the O-MGCF sends an initial SIP INVITE request before the end of address signalUng is determined, the O-MGCF 
shall: 

- use the SIP precondition extension within the SIP INVITE request; 

- start timer Ti/w2; 

- be prepared to process SAM as described below; 

- be prepared to handle incoming SIP 18x provisional responses, establishing early dialogs; and 

- be prepared to handle incoming SIP 404 or 484 error reponses as detailed in Clause 7.2.3.2.12.1. 

NOTE: A SIP INVITE request with incomplete address information can be rejected with a SIP 404 or 484 error 
response. 

On receipt of a SAM from the BICC/ISUP side, unless the O-MGCF has received a SIP 180 (Ringing) response for the 
call, the following O-MGCF procedures apply: 

The O-MGCF shall stop timer Ti/w3 (if it is rurming); 

If no response has been received for the previous INVITE request of the same call, the O-MGCF shall wait for 
the response and then apply the procedures in the next bullets to transfer the digits received in the SAM. If 
additional SAMs are received while the O-MGCF is waiting for the response for the previous SIP INVITE 
request, the digits within shall be combined with the digits of the previous SAMs. 
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If an early dialog has not been established, and a SIP 404 or 484 error response has been received for the last 
previous SIP INVITE request for the same call, the O-MGCF shall send a SIP INVITE request complying to the 
following: 

The SIP INVITE request shall use the SIP preconditions extension. 

The SIP INVITE request shall include all digits received so far for this call in the Request-URI. 

The SIP INVITE request shall include the same Call-ID and From tag as the previous SIP INVITE request 
for the call. 

If an early dialog has been established, and a response has been received for any previously sent SIP INFO 
request, the O-MGCF shall send an in-dialog SIP INFO request complying the following: 

The SIP INFO request shall only include the digits received since the previous SIP request with digits was 
sent (see Note). 

If no response has been received for the previous SIP INFO request, the O-MGCF shall wait for the response and 
then apply the procedures in the previous bullet to transfer digits received in the SAM. If additional SAMs are 
received while the O-MGCF is waiting for the response for the previous SIP INFO request, the digits within 
shall be combined with the digits of the previous SAMs. 

restart Ti/w2; 

If timer Ti/w2 has expired, or the O-MGCF has received a SIP 180 (Ringing) response for the call, the O-MGCF shall 
ignore subsequent SAMs received. 

NOTE: The encoding of the digits within the SIP INFO request is described in Clause 7.2.3.2.20.2. 

Editor's note: It needs to be verified whether the timer procedures associated with the in-dialog method are correct. 

7.2.3.2.1 a. 3 Additional digits sent using tine multiple INVITEs overlap method 

O-MGCF 



lAM 

► 


INVITE 


SAM 

► 


► 

^ 404/484 


INVITE 


SAM 

► 


► 

^ 404/484 


INVITE 




► 



Figure 14a: Overlap signalling using multiple INVITEs in CS an IMS network 

If the O-MGCF sends an SIP INVITE request before the end of address signalling is determined, the O-MGCF shall: 
use the SIP precondition extension within the SIP INVITE request; 
start timer Ti/w2; and 

be prepared to process SAM as described below; and 
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- be prepared to handle incoming SIP 404 or 484 error reponses as detailed in Clause 7.2.3.2.12.1. 

NOTE: An SIP INVITE request with incomplete address information will be rejected with a SIP 404 or 484 error 

response. 

On receipt of a SAM from the BICC/ISUP side, unless the O-MGCF has received a SIP 180 (Ringing) response for the 
call, the O-MGCF shall: 

stop timer Ti/w3 (if it is running); 

send an INVITE request complying to the following: 

- The SIP INVITE request shall use the SIP preconditions extension. 

- The SIP INVITE request shall include all digits received so far for this call in the Request-URI. 

- The SIP INVITE request shall include the same Call-ID and From tag as the previous SIP INVITE request 
for the call. 

restart Ti/w2; 

If timer Ti/w2 has expired, or the O-MGCF has received a SIP 180 (Ringing) response for the caU, the O-MGCF shall 
ignore subsequent SAMs received. 



7.2.3.2.2 Coding of the INVITE 

7.2.3.2.2.0 Overview 

Table lOaa provides a summary of how the header fields within the outgoing INVITE message are populated. 



Table 10aa - Interworked contents of the INVITE message 



IAM-> 


INVITE^ 


Called Party Number 


Request-URI 




To 


Calling Party Number 


P-Asserted- Identity 




Privacy 




From 


Generic Number ("additional calling party number') 


From 


Hop Counter 


IVIax-Forwards 


TMR/USI 


Message Body (application/SDP) 



7.2.3.2.2.1 REQUEST URI Header 

The called party number parameter of the lAM message is used to derive Request URI of the INVITE Request. The 
Request URI is a tel URI or SIP URI with "user=phone" and shall contain an International public telecommunication 
number prefixed by a "+" sign (e.g. tel:+49 1123 1234567). 



Table 10a - Mapping ISUP Caiied Party Number to 
SIP Request-URI and To header field 



lAM 


INVITE 


Called Party Number 


Request-URI and To header field 


Nature of address indicator: 
National (significant) number 

International number 


Insert "+CC" before the Address signals (NOTE) 
Insert "+" before the Address signals 


NOTE: CC = Country Code of the network in which the O-IWU is located. 
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NOTE: the usage of "Nature of address indicator" value "unknown" is allowed but the mapping is not specified in 
the present specification 



7.2.3.2.2.2 SDP Media Description 

The SDP media description will contain precondition information as per RFC 3312 [37]. Depending on the coding of 
the continuity indicators different precondition information (RFC 3312 [37]) is included. If the continuity indicator 
indicates "continuity performed on a previous circuit" or "continuity required on this circuit", and the INVITE is sent 
before receiving a COT, then the O-MGCF shall indicate that the preconditions are not met. Otherwise the MGCF shall 
indicate whether the preconditions are met, dependent on the possibly applied resource reservation within the IMS. 

If the O-MGCF determines that a speech call is incoming, the O-MGCF shall include the AMR codec transported 
according to RFC 3267 [23] with the options listed in clause 5.1.1 of 3GPP TS 26.236 [32] in the SDP offer, unless the 
Note below applies. Within the SDP offer, the O-MGCF should also provide SDP RR and RS bandwidth modifiers 
specified in IETF RFC 3556 [59] to disable RTCP, as detailed in Clause 7.4 of 3GPP TS 26.236 [32]. The O-MGCF 
may include other codecs according to operator policy. 

NOTE: If the O-MGCF is deployed in an IMS network that by local configuration serves no user equipment that 
implements the AMR codec, then the AMR codec may be excluded fiom the SDP offer. 

To avoid transcoding or to support non-speech services, the O-MGCF may add media derived from the incoming ISUP 
information according to Table 10b. The support of the media listed in Table 10b is optional. If the O-MGCF supports 
the PSTN XML body as a network option and adds media derived from the incoming ISUP information according to 
Table 10b, the O-MGCF shall also map the media related ISUP information into the XML body as shown in Table 
17aa. 
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Table 10b - Coding of SDP media description lines from TIUIR/USI: ISUP to SIP 



TMR parameter 


USI parameter (Optional) 


HLC IE in ATP 

(Optional) 


m= line 


b= line 


a= line 


TMR codes 


Information 
Transport 
Capability 


User Information 
Layer 1 Protocol 
Indicator 


High Layer 
Characteristics 
Identification 


<media> 


<transport> 


<fmt-list> 


<modifier>: 
<bandwidth- 
value> 


rtpmap:<dynamic-PT> 
oncoding name>/<clocl< 
rate>[/encoding 
parameters> 


"speech" 


"Speech" 


"G.71 1 tj-law" 


Ignore 


audio 


RTP/AVP 


(and 
possibly 8) 
(NOTE 1) 


AS: (64 + 

RTP/UDP/IP 

overhead) 


rtpmap:0 PCMU/8000 
(and possibly rtpmap.S 
PCMA/8000) 
(NOTE 1) 


"speech" 


"Speech" 


"G.711 ^-law" 


Ignore 


audio 


RTP/AVP 


Dynamic PT 
(and 

possibly a 
second 
Dynamic 
PT) 

(NOTE 1) 


AS: (64 + 

RTP/UDP/IP 

overhead) 


rtpmap:<dynamic-PT> 

PCMU/8000 

(and possibly 

rtpmap:<dynamic-PT> 

PCMA/8000) 

(NOTE 1) 


"speech" 


"Speech" 


"G.711 A-law" 


Ignore 


audio 


RTP/AVP 


8 


AS: (64 + 

RTP/UDP/IP 

overhead) 


rtpmap:8 PCMA/8000 


"speech" 


"Speech" 


"G.711 A-law" 


Ignore 


audio 


RTP/AVP 


Dynamic PT 


AS:(64 + 

RTP/UDP/IP 

overhead) 


rtpmap:<dynamic-PT> 
PCMA/8000 


3.1 KHz audio 


USI Absent 




Ignore 


audio 


RTP/AVP 


8 


AS:(64 + 

RTP/UDP/IP 

overhead) 


rtpmap:8 PCMA/8000 


"3.1 KHz audio" 


"3. 1 KHz audio" 


"G.711 ij-law" 


(NOTE 3) 


audio 


RTP/AVP 


(and 
possibly 8) 
(NOTE 1) 


AS:(64 + 

RTP/UDP/IP 

overhead) 


rtpmap:0 PCMU/8000 
(and possibly rtpmap:8 
PCMA/8000) 
(NOTE 1 ) 


"3.1 KHz audio" 


3.1 KHz audio 


G.711 A-law 


(NOTE 3) 


audio 


1—% lit 1 A \ 

RTP/AVP 


8 


AS:(64 + 

RTP/UDP/IP 

overhead) 


rtpmap:8 PCMA/8000 


"3.1 KHz audio" 


"3.1 KHz audio" 




"Facsimile 
ijroup Z/O 


image 


UdptI [73] 


t38[73] 


AS:(64 + UDP/IP 
overhead) 


Based on ITU-T T.38 
[72 J. 


"3.1 KHz audio" 


"3.1 KHz audio" 




"Facsimile 
Group 2/3" 


image 


top 


t38[73] 


AS:(64 + TCP/IP 
overhead) 


Based on ITU-T T.38 
[72]. 


"64 kbit/s 
unrestricted" 


"Unrestricted digital 
inf. W/tone/ann." 


N/A 


Ignore 


audio 


RTP/AVP 


Dynamic PT 


AS:(64 + 

RTP/UDP/IP 

overhead) 


rtpmap:<dynamic-PT> 
CLEARMODE/8000 
(NOTE 2)(N0TE 4) 
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TMR narameter 


USI parameter (Optional) 


HLC IE In ATP 

1 1 1 III 1 1 

fOotlonah 


m= line 


I3— line 


3— line 


TMR codes 


Information 

Xra nQnort 
1 1 di io|Jui I 

Capability 


User Information 

1 flx/pr 1 PmtnonI 
1— ctyci 1 niuiuowi 

Indicator 


High Layer 
Characteristics 
Identification 


<media> 


<transport> 


<fmt-list> 


<modifier>: 
<bandwidth- 
value> 


rtpmap :<dy nam ic- PT> 
<encoding name>/<clock 
rate>[/encoding 
Darametsrs> 




















"64 kbit/s 
unrestricted" 


"Unrestricted digital 
information" 


N/A 


Ignore 


audio 


RTP/AVP 


Dynamic PT 


AS:(64 + 

RTP/UDP/IP 

overhead) 


rtpmap:<dynamic-PT> 
CLEARMODE/8000 
(NOTE 2)(N0TE 5) 


NOTE 1 
NOTE 2 
NOTE 3 

NOTE 4 

NOTES 


Both PCMA and PCMU could be required. 
CLEARMODE is specified in RFC4040 [69]. 

HLC is normally absent in this case. It is possible for HLC to be present with the value "Telephony", although 6.3.1/Q.939 indicates that this would normally 
be accompanied by a value of "Speech" for the Information Transfer Capability element. 

After the CLEARMODE codec, additional speech codecs such as AMR and/or G.722 and/or G.71 1 available via transcoding or reframing should be offered 
in the same m-line. 

As alternative or in addition to the m-line containing the CLEARMODE codec, an MGCF supporting the multimedia interworking detailed in Annex E may add 
an m-line for speech codecs and an m-line for video codecs as detailed in this Annex. 



£75/ 



3GPP TS 29.163 version 8.5.0 Release 8 



64 



ETSI TS 129 163 V8.5.0 (2009-02) 



7.2.3.2.2.3 P-Asserted-ldentity, From and Privacy header fields 



Table 12: Mapping BICC/ISUP CLI parameters to SIP header fields 



Has a Calling 
Party Number 
parameter with 
complete b.iD4 
number, with 
Screening 
Indicator = UPVP 

Or NK (066 viSJ 1 C 

1), and with APRI 
= "presentation 
allowed" or 
"presentation 
restricted" been 
received? 


Has a Generic 
Number 
(additional 
calling party 
number) with a 
complete E.I 64 
number, with 
screening 
Indicator = 
UPNV, and with 

APRI = 
"presentation 
allowed" been 
received? 


P-Asserted- 

identity 
header field 


From header field: 


Privacy header field 


N 


N 


Header field 
not included 


SIP or SIPS URI with addr spec of 
Unavailable User Identity (NOTE 2) 
(NOTE 6) 


Header field not 
included 


N (NOTE 3) 


Y 


Header field 
not included 


addr-spec derived from Generic 
Number (ACgPN) address signals if 
available 

or network provided value (NOTE 6) 


Header field not 
included 


Y(NOTE 1) 


N 


Derived from 

Calling Party 

Number 

parameter 

address 

signals 

(See table 14) 


if APRI = "allowed", Tel URI or SIP 
URI derived from Calling Party 
Number parameter address signals 
(See table 15) 

if APRI = "restricted", SIP or SIPS 
URI with addr spec of Anonymous 
URI (NOTE 2) (NOTE 6)lf CgPN 
APRI = "presentation restricted by 
network"(NOTE 4), addr-spec is set 
to unavailable@hostportion (NOTE 
5) 


If Calling Party 
Number parameter 
APRI = "restricted" 
then priv-value =: "id". 
For other APRI 
settings Privacy 
header is not 
included or if 
included, "id" is not 
included 
(See table 16) 


Y 


Y 


Derived from 

Calling Party 

Number 

parameter 

address 

signals 

(See table 14) 


Derived from Generic Number 
(ACgPN) address signals 
(See table 13) 
(NOTE 6) 


If Calling Party 
Number parameter 
APRI = "restricted" 
then priv-value =: "id". 
For other APRI 
settings Privacy 
header is not 
included or if 
included, "id" is not 
included 
(See table 16 ) 


NOTE 1 : A Network Provided CLI in the CgPN parameter may occur on a call to IMS. Therefore in order to allow the 
"display" of this Networl< Provided CLI at a SIP UAS it shall be mapped into the SIP From header. It is also 
considered suitable to map into the P-Asserted-ldentity header since in this context it is a fully authenticated 
CLI related exclusively to the calling line, and therefore as valid as a User Provided Verified and Passed CLI 

for this purpose. 

NOTE 2: The "From" header may contain an "Unavailable User Identity". An "Unavailable User Identity" includes 
information that does not point to the calling party and indicates that the caller's identity is unknown. The 
encoding of the "Unavailable User Identity" shall be as defined in 3GPP TS 23.003 [74]. 

NOTE 3; This combination of CgPN and ACgPN is an error case or will occur when the CgPN APRI is "presentation 
restricted by network and this is shown here to ensure consistent mapping across different implementations. 

NOTE 4: This ISUP parameter is a ETSI specific parameter described within ETSI EN 300 356-1 [70]. 

NOTE 5: The setting of the hostportion is according to operator policy. 

NOTE 6: In accordance with IETF RFC 3261 [1 9] procedures, a tag shall be added to the "From" header. 
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Table 13: Mapping of generic number (additional calling party number) to SIP from header fields 



BICC/ISUP parameter / 
field 


Value 


SIP component 


Value 


Generic Number 
Number Qualifier 
Indicator 


"additional calling party 
number" 


From header field 


display-name (optional) and 
addr-spec 


Nature of Address 
Indicator 


"national (significant) 
number" 


TelURI orSIPURI 


Add CC (of the country where 
the IVIGCF is located) to GN 
address signals to construct 
E.164 number in URI. Prefix 
number with "+". 


"international number" 


Map complete GN address 
signals to E.164 number in 
URI. Prefix number with "+". 


Address signal 


if NOA is "national 
(significant) number" then 
the format of the address 
signals is: 
NDC+ SN 

If NOA is "international 
number" 

then the format of the 
address signals is: 
CC + NDC + SN 






Tel URI or SIP URI 


CC+NDC+SN as E.164 
number in URI. Prefix number 
with "+". 



Table 14: Mapping of calling party number parameter to SIP P-Asserted-ldentity header fields 



BICC/ISUP Parameter / 
field 


Value 


SIP component 


Value 


Calling Party Number 




P-Asserted-ldentity header 
field 




Nature of Address 
Indicator 


"national (significant) 
number" 


TelURI orSIPURI 


Add CC (of the country 
where the MGCF is 
located) to CgPN address 
signals to construct E.164 
number in URI. Prefix 
number with "+". 


"international number" 


IVlap complete CgPN 
address signals to E.164 
number in URI. Prefix 
number with "+". 


Address signal 


If NOA is "national 
(significant) number" then 
the format of the address 
signals is: 
NDC + SN 

If NOA is "international 

number" 

then the format of the 
address signals is: 
CC + NDC + SN 
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Table 15: Mapping of BICC/ISUP Calling Party Number parameter to SIP From header fields 



BICC/ISUP parameter / 
field 


Value 


SIP component 


Value 


Calling Party Number 




From header field 




Nature of Address 
Indicator 


"national (significant) 
number" 


Tel URI or SIP URI 
(NOTE 1) 


Add CC (of the country 
where the MGCF is 
located) to CgPN address 
signals then map to 
construct E.164 number in 
URI. Prefix number with 
"+". 


"international number" 


Map complete CgPN 
address signals to 
construct E.164 number in 
URI. Prefix number with 

"+". 


Address signal 


If NOA Is "national 
(significant) number"\.hen 
the format of the address 
signals is: 
NDC + SN 

If NOA is "international 

number" 

then the format of the 
address signals is: 
CC + NDC + SN 


Tel URI or SIP URI 
(NOTE 1) 


CC+NDC+SN as E.164 
number in URI. Prefix 
number with "+". 


NOTE 1 : A tel URI or a SIP URI with "user=phone" is used according to operator policy. 


Table 16: lUlapping of BICC/ISUP APRIs into SIP privacy header fields 


BICC/ISUP parameter / 
field 


Value 


SIP component 


Value 


Calling Party Number 




Privacy header field 


priv-value 


APRI 

(See to determine which 
APRI to use for this 
mapping) 


"presentation restricted" 


Priv-value 


"id" 

("id" included only if the P- 
Asserted- Identity header is 
included in the SIP 
INVITE) 


"presentation allowed" 


Priv-value 


omit Privacy header 
or Privacy header without 
"id" if other privacy service 
is needed 



NOTE: When Calling Party Number parameter exists, P-Asserted-ldentity header is always derived from it as 
in table 14. 



7.2.3.2.2.4 Max Forwards header 

If the Hop Counter procedure is supported in the CS network, the O-MGCF shall use the Hop Counter parameter to 
derive the Max-Forwards SIP header. Due to the different default values (that are based on network 
demands/provisions) of the SIP Max-Forwards header and the Hop Counter, an adaptation mechanism shall be used to 
adopt the Hop Counter to the Max Forwards at the O-MGCF. For example, the following guideUnes could be applied. 

a) Max-Forwards for a given message should be monotone decreasing with each successive visit to a SIP 
entity, regardless of intervening interworking, and similarly for Hop Counter. 

b) The initial and successively mapped values of Max-Forwards should be large enough to accommodate the 
maximum number of hops that may be expected of a validly routed call. 

The table 17 shows the principle of the mapping: 
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Hop Counter | = X | Max-Forwards | = Y = Integer part of (X * Factor) 
NOTE: The Mapping of value X to Y should be done with the used (implemented) adaptation mechanism. 

The factor used to map from Hop Counter to Max-Forwards for a given call will depend on call origin, and will be 
provisioned at the O-MGCF based on network topology, trust domain rules, and bilateral agreement. 

The Principle of adaptation could be implemented on a basis of the network provision, trust domain rules and bilateral 
agreement. 

7.2.3.2.2.5 IMS Communication Service Identifier 

For speech and video calls, the O-MGCF shall insert an IMS Communication Service Identifier, indicating the IMS 
Multimedia Telephony Communication Service. 

The IMS Conmiunication Service Identifier for the IMS Multimedia Telephony Communication Service is defined in 
3GPPTS 24.173 [88]. 

7.2.3.2.2.6 P-Early-Media header 

For a speech call, if the O-MGCF supports the P-Early-Media header as a network option, then it shall include the 
header in each outgoing INVITE request. 

7.2.3.2.2.7 PSTN XML elements 

If the O-MGCF supports the PSTN XML body as a network option, the O-MGCF shall map ISUP information into the 
XML body as shown in Table 17aa. 



Table 17aa: Mapping of ISUP Parameters with PSTN XML elements 



lAIUI ^ 


INVITE ^ 


ISUP Parameter 


Content 


PSTN XML 


Access Transport Parameter 


Progress indicator 


Progresslndicator 


High layer compatibility (NOTE 1 , 
NOTE 2, NOTE 3) 


HighLayerCompatibility 


Low layer compatibility (NOTE 3) 


LowLayerCompatibility 


User Service Information (NOTE 3) 




Bearer Capability 


User Tele Service 


High layer compatibility (NOTE 2, 
NOTE 3) 


HighLayerCompatibility 


NOTE 1 : If two high layer compatibility information elements are received in the ATP of the lAM, they shall be 

transferred in the same order as received into the PSTN XML body within the INVITE. 
NOTE 2: In the normal case, the High layer compatibility information in the ATP is equal to the High layer 

compatibility in the User Tele Service parameter. It is network dependent which information is mapped into 
the XML body in the INVITE. In the XML body, no two identical High layer compatibility information are 
present. 

NOTE 3: The O-MGCF shall only map this information element if the O-MGCF offers media formats which can be 
transferred by the IM-MGW without transcoding and are derived from the incoming ISUP information 
according to Table 10b, 



7.2.3.2.2.8 Progress indicator 

If the I-MGCF supports the PSTN XML body as a network option , an available "Progresslndicator" element in the 
lAM shall be mapped into a Progress Indicator in the PSTN XML body of the INVITE as shown in table 17ab. 
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Table 17ab: Coding of the progress indicator 





INVITE ^ 


Forward call Indicators parameter 


Access transport 
parameter 


PSTN XIUIL body with 
Progress indicator No 
(Value of Pi) 


ISDN User Part Indicator 


ISDN access Indicator 




(ISDN User Part 
not used all the way) 


Value non-significant 


Value non-significant 


No. 1 


1 

("ISDN User Part 
used all the way") 




("originating access 
non - ISDN") 


Value non-significant 


No. 3 


1 

("ISDN User Part 

used all the way") 


1 

("originating access 
ISDN") 


Progress Indicator No. 

(Value of PI) 


Progress Indicator No. 

(Value of PI) and No. 6 



7.2.3.2.2A Coding of the INVITE when Number Portability is supported 



This clause describes optional coding procedures when Number Portability is supported. 
7.2.3.2.2A.1 REQUEST URI and To Header 

When Number Portability is supported, the method used for signalling of the Called Party E.164 address and the 
Number PortabiUty Routing Number determines the parameters of the lAM message used to derive the Request URI 
and To header of the INVITE Request. 

ITU-T Q.769.1 [92] describes three possible addressing methods for signalling of the Called Party E.164 address and 
Number Portability Routing Number (ITU-T Q.769.1 [92] uses the terms directory number and network routing number 
respectively). The choice of these methods is based on network operator and national requirements. 

The following sub-clauses describe how the Request URI and To header fields are populated, based on these methods, 
when a Number Portability Routing Number is available in the lAM. 

When the optional Number Portability Routing Number is available and supported, these procedures take precedence 
over procedures for coding of the Request URI and To header fields described in clause 7.2.3.2.2.1. 

When a Number Portability Routing Number is not available, the Request URI and To Header fields are populated as 
described in clause 7.2.3.2.2.1, with the following addition: If a Number Portabihty Forward Information Parameter 
parameter is present in the lAM, containing a value of "number portabihty query done for called number, non-ported 
called subscriber", a tel URI npdi parameter [93] is added 

For the following sub-clauses, the Request URI is a tel URI or SIP URI with "user=phone" and shall contain an 
International pubUc teleconmiunication number prefixed by a "+" sign (e.g. tel:-H4911231234567). 
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7.2.3.2.2A.1 .1 Separate Directory Number Addressing Method 



Table 17a: Mapping ISUP to 
SIP Request-URI and To header field with Number Portability Separate Directory Number Addressing 

Method 



lAM^ 


INVITE 


Called Party Number 


Called Directory Number 


Request-URI and To Header Field 


Address Signal: 

Nature of address indicator: 

"Network routing number in national 
^biyriiiiodiuj iiuiiiuci lurridL ur 
"National (significant) number" or 
"Network routing number in network 
specific number format" as described 
in ITU-T Q.769.1 [92] 


Address Signal: 

Nature of address indicator: 

"National (significant) number". 


The 'telephone-subscriber' is populated 
from the Called Directory Number as 
follows: 

Insert "+CC" before the Address signals 
(NOTE) 

The Tel URI rn= parameter Is populated 
from the Called Party Number as 
follows: 

Insert "+CG" before the Address signals 

(NOTE) 

Use of the local form of the rn= parameter 
is out of the scope of the present 
specification. 

Tel URI npdi parameter as defined In 
IETF RFC 4694 [93] is added. 


NOTE: CC = Country Code of the network in which the 0-IWU is located. 



7.2.3.2.2A.1 .2 Concatenated Addressing Method 



Table 17b: Mapping ISUP to 
SIP Request-URI and To header field with Number Portability Concatenated Number Addressing 

Method 



lAM^ 


INVITE 


Called Party Number 


Request-URI and To Header Field 


Address Signal: 

Nature of address indicator: 

"Network routing number concatenated with 
called directory number" or "National 
(significant) number" as described in ITU-T 
0.769.1 [92] 


The 'telephone-subscriber' is populated from the Called Party 
Number as follows: 

Remove the prefix representing the Number Portability Routing Number 
Insert "+CC" before the Address signals (NOTE). 

The Tel URI rn= parameter Is populated from the Called Party 
Number as follows: 

Remove the digits that follow the prefix representing the Number 
Portability Routing Number 

Insert "+CC" before the Address signals (NOTE) 

Use of the local form of the rn= parameter is out of the scope of the 
present specification. 

Tel URI npdi parameter as defined In RFC 4694 [93] Is added. 


NOTE: CC = Country Code of the network in which the 0-IWU is located. 
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7.2.3.2.2A.1 .3 Separate Network Routing Number Addressing Method 



Table 17c: Mapping ISUP to 
SIP Request-URI and To header field with Number Portability Separate Network Routing Number 

Addressing Methid 



IAM-> 


INVITE 


Network Routing Number 


Called Party Number 


Request-URI and To Header Field 


Address Signal: 

Nature of address indicator: 

"Network routing number in national 

^biyiMMOdlU/ IIUITIUcI lUIIIdl Ul 

"Networl< routing number in network 
specific number format" as described 
in ITU-T Q.769.1 [92] 


Address Signal: 

Nature of address indicator: 

"National (significant) number". 


The 'telephone-subscriber' is 
populated from the Called Party 
Number as follows: 

Insert "+CC" before the Address signals 
(NOTE) 

The Tel URI rn= parameter is 
populated from the Network Routing 
Number as follows: 

Insert "+CC" before the Address signals 
(NOTE) 

Use of the local form of the rn= 
parameter Is out of the scope of the 
present specification. 

Tel URI npdi parameter as defined in 
RFC 4694 [93] is added. 


NOTE: CC = Country Code of the network In which the 0-IWU Is located. 



7.2.3.2.2B Coding of the INVITE for Carrier Routeing 

This clause describes optional coding procedures for carrier-based routeing. 

7.2.3.2.2B.1 Mapping of "cic" in REQUEST URI Header 

The procedures followed in clause 7.2.3.2.2.1 apply with the following addition. 

If the Transit Network Selection parameter, defined according to ITU-T Q.761 [4J, is included in the lAM message the 
O-MGCF, based on network configuration, may send the transit network selection information to the SIP network. In 
such a case the "cic=" parameter as defined in IETF RFC 4694 [93] is included in the SIP-Request URI and configured 
according to the table below 

Table 17d: iUlapping of ISUP "Transit Network Selection" (TNS) to SIP "Carrier Identification Code" 

(CIC) 



ISUP parameter/field 


Value 


SIP Component 


Value 


Transit Network 
Selection 


Digits 


Carrier id code in 
Userinfo of Request URI 


"cic=carrier ID code" as 
defined in IETF RFC 
4694 [93] 



7.2.3.2.2B.2 Mapping of "dai" in REQUEST URI Header 

The procedures followed in clause 7.2.3.2.2.1 apply with the following addition. 

If the Carrier Selection Information parameter, defined according to ITU-T Q.764 [4], is included in the lAM message 
the O-MGCF, based on network configuration, may send the carrier selection information to the SIP network. In such a 
case the "dai=" parameter as defined in IETF draft-yu-tel-dai-02 [95] is included in the SIP-Request URI and 
configured according to the table below. 
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Table 17e: Mapping of ISUP "Carrier Selection Information" to SIP "Dial Around Indicator" 



ISUP Carrier Selection Information parameter (binaty digits) 


SIP "dal=" component 


"no indication" (0000000) 


no ind 


"eplpptpri rarrlpr IHpntiflratlnn rnHp nrp-Qiih^irrihpri anri nn inniit hv rflllinn 
Dartv" f000000011 


"nrpQi ih" 


"selected carrier identification code presubscribed and input by calling 
party" (00000010) 


"presub-da" 


"selected carrier identification pre-subscribed and input by calling party 
undetermined" (00000011) 


"presub-daUnkwn" 


"selected carrier identification not pre-subscribed, and input by calling 
party" (00000100) 


"da" 


"carrier selected by input from calling party" (00001010) 


"presubUnkwn-da" 


"carrier selected by a network operator" (0000101 1) 


"operator" 



7.2.3.2.3 Receipt of CONTINUITY 

This clause only applies if the O-MGCF has sent the ESTVITE request without waiting for an outstanding COT message 
(see Clause 7.2.3.2.1). 



O-MGCF 



COT(success) 



SDP indicating 




pre-conditions 




met 




w 



Figure 14a: Receipt of COT (success). 



When the requested preconditions in the IMS (if any) have been met and if possible outstanding continuity procedures 
have successfully been completed (COT with the Continuity Indicators parameter set to "continuity check successful" is 
received), a SDP offer (e.g. a SIP UPDATE request, as defined in IETF RFC 3311 [55]) shall be sent for each early SIP 
dialogue confirming that all the required preconditions have been met. 



7.2.3.2.4 Sending of ACM and awaiting answer indication 

If the Address Complete Message (ACM) has not yet been sent, the following cases are possible trigger conditions that 
shall lead to the sending the address complete message (ACM): 

- the detection of end of address signalUng by the expiry of Timer T i/wi or, 

O-MGCF 

lAM 



SAM 




1 running 



SAM T i/wi running 

ACM (no indication) 'X^ elapses 
< J INVITE 



Figure 15: Sending of ACIUl T i/Wi elapses 
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the reception of the first 180 Ringing (an O-MGCF supporting the P-Early-Media header as a network option 
should initiate the sending of an awaiting answer indication only if a P-Early-Media header is not included in the 
180 ringing), or, 



O-MGCF 



ACM (Subscriber Free) 


180 Ringing 
< 




< 

^ Ring tone 





Figure 16: Sending of ACIUI (Receipt of first 180 Ringing witliout tlie autliorisation of early media) 



O-MGCF 



ACM (Subscriber Free) 



180 Ringing 

P-Early-Media 



,Ring_tpne_ 



Figure 16a: Sending of ACM (Receipt of first 180 Ringing that includes authorization of early media) 

- the reception of the first 181 Call is being forwarded (an O-MGCF supporting the P-Early-Media header as a 
network option should initiate the sending of an awaiting answer indication only if a P-Early-Media header is not 
included in the 180 ringing), or. 



aMGCF 



ACM (Call diversion 
^ information) 


181 Call is being 
forwarded 




Ring tone 





Figure 16b: Sending of ACM (Receipt of first 181 call is being forwarded without the authorisation of 

early media) 



aMGCF 





181 call is being 


ACM (Call diversion 


forwarded 


^ information) 






Ring^tone 


^ 





Figure 16c: Sending of ACM (Receipt of first 181 Call being forwarded that includes authorization of 

early media) 



NOTE: Based on local knowledge that the call is transited to a PSTN network, the O-MGCF can make a decision 
not to generate the awaiting answer indication when receiving the 180 Ringing message without a P- 
Early-Media header. 
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at an O-MGCF supporting the P-Early-Media header as a network option, once all the following sub-conditions 
have been met: { 1 } the reception of the first 183 Session Progress that includes a P-Early-Media header 
authorizing early media, and {2} SDP preconditions are not used, or applicable SDP preconditions have been 
met. 



O-MGCF 



ACM 

in-band informaition available 



183 Progress 
P-Early-Media 



_ap2roprmte_ajinguncement 
Figure 16b: Sending of ACIUl (Receipt of first 183 tliat includes autliorization of early media) 



Ti/w 2 expires after the initial INVITE is sent. 



O-MGCF 



lAM 

► 


INVITE 


^ ACM (no indication) 


Ti/w 2 





Figure 17: Sending of ACM (Ti/Wj elapses) 

The sending of an awaiting answer indication is described in clause 9.2.3.3. 

When an 180 (Ringing) response is received with the Alert-Info header field at a O-MGCF supporting capabilities 
associated with the Alert-Info header field a O-MGCF may instruct the IM-MGW to play out early media available at 
the associated URL to the PSTN leg of the communication. 

At an O-MGCF supporting the P-Early-Media header as a network option, if the O-MGCF receives a 18x response with 
a P-Early-Media header that changes the authorization of early media, the O-MGCF terminates the sending of the 
awaiting answer indication if the header authorizes early media, and initiates the sending of the awaiting answer 
indication if the header removes authorization of eiirly media and if the O-MGCF has received the 180 Ringing 
response. 

7.2.3.2.5 Coding of the ACM 

The description of the following ISDN user part parameters can be found in ITU-T Recommendation Q.763 [4]. 

7.2.3.2.5.1 Backward call indicators 

bits AB Charge indicator Contributors 

1 charge 
bits DC Called party's status indicator 

1 subscriber free if the 180 Ringing has been received. 

no indication otherwise 
bits FE Called party's category indicator 
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no indication 
bits HG End-to-end method indicator 

00 no end-to-end method available 
bit I Interworking indicator 

1 interworking encountered 

As a network operator option, the value 1 = "no interworking encountered" is used for TMR = 64 kBit/s unrestricted 

NOTE: This avoids sending of a progress indicator with Progress information 1 "Call is not end-to- 
end ISDN; further call progress information may be available in-band ", so the call will not be released 
for that reason by an ISDN terminal. 

bit J End-to-end information indicator 

no end-to-end information available 
bit K ISDN user part/BICC indicator 

ISDN user part not used all the way 

As a network operator option, the value K = 1 "ISDN user part/BICC used all the way" is used for TMR = 64 kBit/s 
unrestricted 

NOTE: This avoids sending of a progress indicator with progress information 1 "Call is not end-to-end 
ISDN; further call progress information may be available in-band ", so the call will not be released for 
that reason by an ISDN terminal. 

bit L Holding indicator (national use) 

holding not requested 

bit M ISDN access indicator 

terminating access non-ISDN 

As a network operator option, the value M = 1 "terminating access ISDN" is used for TMR = 64 kBit/s unrestricted. 

NOTE: This avoids sending of a progress indicator with progress information 0000010" Destination access is 
non-ISDN", so the call will not be released for that reason by an ISDN terminal. 

bit N Echo control device indicator 

1 outgoing echo control device included, for speech calls, e.g., TMR is "3.1KHz audio". 

outgoing echo control device not included, for known data calls, e.g., TMR "64 kBit/s unrestricted" or 
HLC "Facsimile Group 2/3". 

If the PSTN XML is supported as a network option the Backward Call indicators derived as shown in Table 7a0.3 shall 
take precedence. 



ETSI 



3GPP TS 29.1 63 version 8.5.0 Release 8 75 ETSI TS 1 29 1 63 V8.5.0 (2009-02) 



Table 7a0.3: Sending criteria of tlie XIUIL with Progress indicator No (Value of PI) 



<-ACM 


<- 180 Ringing or 183 Session Progress 


Content 

Backward call Indicators parameter 
Optional backward call indicators parameter 


PSTN XML body with Progress indicator No (Value of PI) 


Backward call indicators parameter 
Interworking indicator 

"no intenworking encountered" 

ISDN User Part indicator 

1 "ISDN User Part used all the way" 
ISDN access indicator 

1 "Terminating access ISDN" 


No. 7 

Meaning : Terminating user ISDN 


Optional backward call indicators parameter 

In-band information indicator 

in-band information or an appropriate pattern is 
now available 


No. 8 "In-band information or appropriate pattern is now 

available" 



7.2.3.2.5.2 Optional Backward call indicators 

Bit A 1 "in-band information or an appropriate pattern is now available" if 183 Session Progress response is 
received and a P-Early-Media header has been received authorizing early media 



Table 7a0.4: Sending criteria of Optional backward call indicators parameter 



<-ACM 


<- 180 Ringing or 183 Session Progress 


Optional backward call indicators parameter 

In-band information indicator 

in-band information or an appropriate pattern is 
now available 


P-Early-Media header authorizing early media 



7.2.3.2.5.3 Access Transport Parameter, User Tele Service, Transmission medium used 

parameter 

If the O-MGCF supports the PSTN XML body as a network option and if a PSTN XML body is received within the 180 
ringing or 183 session progress, the O-MGCF shall also map the contained information into the ACM as shown in 
Table 17c. 



Table 17c : Mapping of PSTN XML elements with ISUP Parameters 



<- ACM 


^ 180 , ^ 183 


ISUP Parameter 


Content 


PSTN XML 


Access Transport Parameter 


Progress indicator 


Progresslndicator 


High layer compatibility (NOTE 1) 


HighlayerCompatibility 


Low layer compatibility 


LowLayerCompatibility 


Bearer Capability ("speech or 3.1 
kHz audio") 


BearerCapability (NOTE 2) 


User Tele Service 


High layer compatibility 


HighlayerCompatibility 


Transmission medium used 
parameter ("speech or 3.1 kHz 
audio") (NOTE 3) 


Bearer Capability 


BearerCapability 
("speech or 3.1 kHz audio") 
(NOTE- 2) 


NOTE 1 : This information element shall only be mapped if the O-MGCF transfers media types listed Table 1 0b 

without transcoding 

NOTE 2: Applicable if PSTN XML body with Progress indicator No. 5 and No. 7 and no PSTN No. 1 or No. 2 has 
been received 

NOTE 3: The sending of the Transmission medium used is only applicable if two PSTN XML Bearer Capability 
elements for the fallback connection type in the INVITE was received 
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7.2.3.2.5.4 Progress indicator 

If the O-MGCF supports the PSTN XML body as a network option and receives it in the 180 or 183, an 
"Progresslndicator" element in the XML body shall be mapped into a Progress Indicator in the ACM as shown in tables 
17f and 17g. 



Table 17f: Handling of the progress indicator 



<-ACM 


<-183 


Access transport parameter 


PSTN XML body with Progress indicator No (Value of PI) 


Progress indicator No (Value of PI) 


Progress indicator No (Value of PI) 


Table 17g: Handling of the progress indicator 


<-ACM 


<-180 


Access transport parameter 


PSTN XML body with Progress indicator No (Value of PI) 


Progress indicator No (Value of PI) 


Progress indicator No (Value of PI) 



7.2.3.2.6 Sending of the Call Progress message (CPG) 

If the Address Complete Message (ACM) has already been sent, the O-MGCF shall send the Call Progress message 
(CPG) in the following cases: 

- Upon receipt of the first SIP 180 Ringing provisional response (an O-MGCF supporting the P-Early-Media 
header as a network option should initiate the sending of an awaiting answer indication only if early media is not 
authorized), or 



O-MGCF 



CPG (Alerting) 


180 Ringing 

4 


< 

^ Ring tone 







Figure 18: Sending of CPG(Alerting) (Receipt of 180 Ringing response without authorization of early 

media) 



O-MGCF 





180 Ringing 


CPG (Alerting) 


P-Early-Media 




4 


< 






Ritig_tone 


•4 





Figure 18a: Sending of CPG(Alerting) (Receipt of 180 Ringing response with authorization of early 

media) 

NOTE: Based on local knowledge that the call is transited to a PSTN network, the O-MGCF can make a decision 
not to generate the awaiting answer indication when receiving the 180 Ringing message without a P- 
Early-Media header. 

- at an O-MGCF supporting the P-Early-Media header as a network option, upon receipt of a 183 Session Progress 
that includes the first P-Early-Media header authorizing early media. 
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O-MGCF 



CPG 



(in-band infonnation) 



183 Progress 
P-Early-media 



appropriate announcement 



Figure 18b: Sending of CPG(in-band information available) 

At an O-MGCF supporting the P-Early-Media header as a network option, if the O-MGCF receives a 18x response with 
P-Early-Media header that changes the authorization of early media, the O-MGCF terminates the sending of the 
awaiting answer indication if the header authorizes early media and initiates the sending of the awaiting answer 
indication if the header removes authorization of early media and if the O-MGCF has received the 180 Ringing 
response. 



7.2.3.2.6.1 Handling of the progress indicator 



Table 17.g1 : Handling of the progress indicator 



<-CPG 


<-183 


Access transport parameter 


PSTN XML body with Progress indicator X 


Progress indicator No (Value of PI) 
Except: No.8, No.3, No.4 


Progress indicator No (Value of PI) 


Table 17.g2: Handling of the progress indicator 


^CPG 


<-180 


Access transport parameter 


PSTN XML body with Progress indicator X 


Progress indicator No (Value of PI) 


Progress indicator No (Value of PI) Except: No.3, No.4 


Table 17.g3: Handling of the progress indicator 


<-CPG 


<-183 


Event indicator 


PSTN XML body with Progress indicator X 


"In-band information or appropriate pattern is now 
available" 


No.8 

"In-band information or appropriate pattern is now 
available" 


Progress indicator No (Value of PI) 
Except: No.8, No.3, No.4 


Progress indicator No (Value of PI) 



7.2.3.2.7 Coding of the CPG 

The description of the following ISDN user part parameters can be found in ITU-T Recommendation Q.763 [4]. 

7.2.3.2.7.1 Event information 

bits G-A Event indicator 

1 alerting if 180 Ringing response received 

1 1 in-band information or an appropriate pattern is now available, if the received 183 Session 
Progress response and most recently received P-Early-Media header authorizes early media 
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7.2.3.2.7.2 Access Transport Parameter 

If the O-MGCF supports the PSTN XML body as a network option and if a PSTN XML body is received within the 180 
ringing or 183 session progress, the O-MGCF shall map the contained information into the CPG as shown in Table 17c. 

7.2.3.2.7.3 Handling of the progress indicator 

If the I-MGCF supports the PSTN XML body as a network option and receives it in the 180 or 183, an 
"Progresslndicator" element in the XML body shall be mapped into a Progress Indicator in the CPG as shown in tables 
17h and 17j. 



Table 17h: Handling of the progress indicator 



^CPG 


^183 


Access transport parameter 


PSTN XML body with Progress indicator No (Value of PI) 


Progress indicator No (Value of PI) 


Progress indicator No (Value of PI) 


Table 17j: Handling of the progress indicator 


<-CPG 


<-180 


Access transport parameter 


PSTN XML body with Progress indicator X 


Progress indicator No (Value of PI) 


Progress indicator No (Value of PI) 



7.2.3.2.7.4 Handling of Backward Call indicator 

The Backward Call indicator shall be derived as shown in section 7.2.3.2.5.1 

7.2.3.2.7a Receipt of 200 OK(INVITE) 

Upon receipt of the first 200 OK (INVITE), the O-MGCF shall send an Answer Message (ANM) or Connect message 
(CON) as described in clauses 7.2.3.2.8 to 7.2.3.2.11. 

The O-MGCF shall not progress any further early dialogues to established dialogues. Therefore, upon the reception of a 
subsequent final 200 (OK) response for any further dialogue for an INVITE request (e.g., due to forking), the O-MGCF 
shall: 

1) acknowledge the response with an ACK request; and 

2) send a BYE request to this dialog in order to terminate it. 

7.2.3.2.8 Sending of the Answer Message (ANM) 

Upon receipt of the first 200 OK (INVITE), if the Address Complete Message (ACM) has already been sent, the O- 
MGCF shall send the Answer Message (ANM) to the preceding exchange. 

NOTE: Through connection and the stop of awaiting answer indication are described in clause 9.2.3.3 

O-MGCF 



ANM 
M 


200 OK (INVITE) 


< 





Figure 19: Sending of ANM 
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7.2.3.2.9 Coding of the ANM 

7.2.3.2.9.1 Backwards Call Indicators 

If Backwards Call Indicators are included in the ANM, then the coding of these parameters shall be as described in 
clause 7.2.3.2.5.1. 

7.2.3.2.9.2 Access Transport Parameter 

If the O-MGCF supports the PSTN XML body as a network option and if a PSTN XML body is received within the 200 
OK(INVITE), the O-MGCF shall map the contained information into the ANM as shown in Table 17c. 

7.2.3.2.9.3 Transmission Medium Used parameter (TMU) 
The TMU mapping procedures are described in 7.2.3.1.4.1 

In the case when the BearerCapability in the 200 OK is set to "unrestricted digital information with tones and 
announcements", the value is not mapped to the TMU 



7.2.3.2.10 Sending of the Connect message (CON) 

Upon receipt of the first 200 OK (INVITE), if the Address Complete Message (ACM) has not yet been sent, the O- 
MGCF shall send the Connect message (CON) to the preceding exchange. 

O-MGCF 

200 OK (INVITE) 



CON 



<- 



Figure 20: Sending of CON 

7.2.3.2.1 1 Coding of the CON 

The description of the following ISDN user part parameters can be found in ITU-T Recommendation Q.763 [4]. 

7.2.3.2.1 1 .1 Backward call indicators 

The Called Party's status indicator (Bit DC) of BCI parameter is set to "no indication". The other BCI indicators shall be 
set as described in clause 7.2.3.2.5.1 

7.2.3.2.1 1 .2 Access Transport Parameter, User Tele Service,_Transmission medium used 
parameter 

If the O-MGCF supports the PSTN XML body as a network option and if a PSTN XML body is received within the 200 
OK(INVITE), the O-MGCF shall map the contained information into the CON as shown in Table 17c. 



ETSI 



3GPP TS 29.163 version 8.5.0 Release 8 



80 



ETSI TS 129 163 V8.5.0 (2009-02) 



7.2.3.2.1 1 A Receipt of a relNVITE request 

When a reIN VITE request is received from the network containing a Call-Info header field the MGCF may instruct the 
IM-MGW to send media available at the associated URL to the PSTN leg of the communication. 

7.2.3.2.12 Receipt of Status Codes 4xx, 5xx or 6xx 

O-MGCF 

Status Code 
4xx, 5xx or 6xx 

Figure 21 : Receipt of Status codes 4xx, 5xx or 6xx 

If a Reason header is included in a 4XX, 5XX, 6XX response, then the Cause Value of the Reason header shall be 
mapped to the ISUP Cause Value field in the ISUP REL message. The mapping of the Reason header to the Cause 
Indicators parameter is shown in Table 8a (see 7.2.3.1.7). Otherwise coding of the Cause parameter value in the REL 
message is derived from the SIP Status code received according to table 18. The Cause Parameter Values are defined in 
ITU-T Recommendation Q.850 [38]. 

In all cases where SIP itself specify additional SIP side behaviour related to the receipt of a particular INVITE response 
these procedures should be followed in preference to the immediate sending of a REL message to BICC/ISUP. 

If there are no SIP side procedures associated with this response, the REL shall be sent immediately. 

NOTE: If an optional Reason header is included in a 4XX, 5XX, 6XX, then the Cause Value of the Reason 
header can be mapped to the ISUP Cause Value field in the ISUP REL message. The mapping of the 
optional Reason header to the Cause Indicators parameter is out of the scope of the present specification. 

NOTE Depending upon the SIP side procedures applied at the O-MGCF it is possible that receipt of certain 

4xx/5xx/6xx responses to an INVITE may in some cases not result in any REL message being sent to the 
BICC/ISUP network. For example, if a 401 Unauthorized response is received and the O-MGCF 
successfully initiates a new INVITE containing the correct credentials, the call will proceed. 



Table 18: 4xx/5xx/6xx Received on SIP side of O-MGCF 



<-REL (cause code) 


^4xx/5xx/6xx SIP Message 


127 (interworking unspecified) 


400 Bad Request 


127 (interworking unspecified) 


401 Unauthorized 


127 (interworking unspecified) 


402 Payment Required 


127 (interworking unspecified) 


403 Forbidden 


1 (Unallocated number) 


404 Not Found 


127 (interworking unspecified) 


405 IVIethod Not Allowed 


127 (interworking unspecified) 


406 Not Acceptable 


127 (interworking unspecified) 


407 Proxy authentication required 


127 (interworking unspecified) 


408 Request Timeout 


22 (Number changed) 


410 Gone 


1 27 (interworking unspecified) 


413 Request Entity too long 


1 27 (interworking unspecified) 


414 Request-URI too long 


127 (interworking unspecified) 


415 Unsupported Media type 



REL 
M 
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<— REL (cause code) 


^4xx/5xx/6xx SIP Message 


127 (interworking unspecified) 


416 Unsupported URI scheme 


1 27 (interworking unspecified) 


420 Bad Extension 


1 27 (interworking unspecified) 


421 Extension required 


1 27 (interworking unspecified) 


423 Interval Too Brief 


24 (caW reiected due to ACR 
supplementary service) 


433 Anonymity Disallowed. (NOTE 1) 


20 Subscriber absent 


480 Temporarily Unavailable 


127 (interworking unspecified) 


481 Call/Transaction does not exist 


127 (interworking unspecified) 


482 Loop detected 


127 (Interworking unspecified) 


483 Too many hops 


28 (Invalid Number format) 


484 Address Incomplete 


127 (interworking unspecified) 


485 Amhlniinii*^ 


1 7 f LJ'^pr bij*^v^ 


486 Busv Here 


127 (Interworking unspecified) or 
not intenworked. (NOTE 2) 


487 Rpciijp<?t tprminatpd 

i^V-/ f 1 1 i#l wO I Iw 1 II III 1 Ulw^ 


127 (interworking unspecified) 


488 Not acceptable here 


127 (interworking unspecified) 


493 Undecipherable 


1 27 (interworking unspecified) 


500 Server Internal error 


127 (interworking unspecified) 


501 Not implemented 


1 27 (interworking unspecified) 


oUii tsau oateway 


127 (interworking unspecified) 


503 Service Unavailable 


1 27 (interworking unspecified) 


504 Server timeout 


127 (interworking unspecified) 


505 Version not supported 


127 (interworking unspecified) 


513 Message too large 


1 27 (interworking unspecified) 


580 Precondition failure 


1 7 (User busy) 


600 Busy Everywhere 


21 (Call rejected) 


603 Decline 


1 (unallocated number) 


604 Does not exist anywhere 


127 (Interworking unspecified) 


606 Not acceptable 


NOTE 1 : Anonymity Disallowed, RFC 5079 [77] refers. 

NOTE 2: No intenworking if the 0-MGCF previously issued a CANCEL request for 
the INVITE. 

NOTE 3: The 4xx/5xx/6xx SIP responses that are not covered in this table are 
not interworked. 



If the O-MGCF supports the PSTN XML body as a network option and if a PSTN XML body is received within the 
4xx/5xx/6xx, the O-MGCF shall map the contained information into the REL as shown in Table 17c. 

When a 3xx, 4xx, 5xx or 6xx SIP response to an INVITE request is received from the network containing an Error-Info 
header field, the O-MGCF, supporting the capabilities associated with the Error-Info header field, may instruct the IM- 
MGW to play out media available at the associated URL towards PSTN. 
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7.2.3.2.12.1 Special handling of 404 Not Found and 484 Adderess Incomplete responses after 

sending of INVITE without determining the end of address signalling 

This Clause is only applicaple when the network option of Sending of INVITE without determining the end of address 
signalling is being used (see Clause 7.2.3.2.1. a). 

On receipt of a 404 Not Found or 484 Address Incomplete response while Ti/w2 is running, the O-MGCF shall start 
timer Ti/w3, if there are no other pending INVITE transactions for the corresponding call. 

At the receipt of a SAM, or a SIP Ixx provisional responses, or a SIP 200 OK (INVITE), the O-MGCF shaU stop Ti/w2 
and Ti/w3. 

The O-MGCF shall send a REL message with Cause Value 28 towards the BICC/ISUP network if Ti/w3 expires. 

7.2.3 2.13 Receipt of a BYE 



O-MGCF 



REL 

(Cause value 16) 


BYE 


< 


< 



Figure 22: Receipt of BYE methiod 



If a Reason header field with Q.850 Cause Value is included in the BYE request, then the Cause Value shall be mapped 
to the ISUP Cause Value field in the ISUP REL. The mapping of the Reason header to the Cause Indicators parameter 
is shown in Table 8a (see 7. 2. 3. 1.7). On receipt of a BYE request, the O-MGCF sends a REL message with Cause Code 
value 16 (Normal Call Clearing). 

If the O-MGCF supports the PSTN XML body as a network option and if a PSTN XML body is received within the 
BYE, the O-MGCF shall map the contained information into the REL as shown in Table 17c. 



7.2.3.2.14 Receipt of the Release Message 

In the case that the REL message is received and a final response (i.e. 200 OK (INVITE)) has already been received the 
O-MGCF shall send a BYE request. If the final response (i.e. 200 OK (INVITE)) has not already been received the O- 
MGCF shall send a CANCEL method. 

A Reason header field containing the received (Q.850) Cause Value of the REL message shall be added to the 
CANCEL or BYE request. The mapping of the Cause Indicators parameter to the Reason header is shown in Table 9a 
(see 7.2.3.1.8). 

If the O-MGCF supports the PSTN XML body as a network option, the O-MGCF shall map the contained information 
into an PST XML body within the BYE or CANCEL as shown in Table 17aa. 



7.2.3.2.1 5 Receipt of RSC, GRS or COB (H/W oriented) 

If a RSC, GRS or CGB (HAV oriented) message is received and a final response (i.e. 200 OK (INVITE) has already 
been received the O-MGCF shall send a BYE method. If a final response (i.e. 200 OK (INVITE)) has not already been 
received the O-MGCF shall send a CANCEL method. 

A Reason header field containing the (Q.850) Cause Value of the REL message sent by the O-MGCF shall be added to 
the SIP message (BYE or CANCEL request) to be sent by the SIP side of the O-IWU. 

Editor's Note; It is FFS whether to indicate the cause value for internal error in the network to the user. 
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7.2.3.2.1 6 Autonomous Release at 0-MGCF 

If the O-MGCF determines due to internal procedures that the call shall be released then the MGCF shall send 

- A BYE method if the ACK has been sent. 

- A CANCEL method before 200 OK (INVITE) has been received. 

NOTE: The MGCF shall send the ACK method before it sends the BYE, if 200 OK (INVITE) is received. 

A Reason header field containing the (Q.850) Cause Value of the REL message sent by the O-IWU shall be added to 
the SIP Message (BYE or CANCEL request) to be sent by the SIP side of the O-IWU. 

Editor's Note: It is FFS whether to indicate the cause value for internal error in the network to the user. 



Table 18a: Autonomous Release at O-MGCF 



REL ^ 
Cause parameter 


Trigger event 


^ SIP 


As determined by 
BICC/ISUP procedure. 


COT received with the 
Continuity Indicators 
parameter set to 
"continuity cliecl< failed' 
(ISUP only) or the 
BICC/ISUP timer T8 
expires. 


CANCEL or BYE according to 
the rules described in this 
subclause. 


REL with cause value 47 
(resource unavailable, 
unspecified). 


Internal resource 
reservation 
unsuccessful 


As determined by SIP 
procedure 


As determined by 
BICC/ISUP procedure. 


BICC/ISUP procedures 
result in generation of 
autonomous REL on 
BICC/ISUP side. 


CANCEL or BYE according to 
the rules described in this 
subclause. 


Depending on the SIP 
release reason. 


SIP procedures result 
in a decision to release 
the call. 


As determined by SIP 
procedure. 



7.2.3.2.17 Special handling of 580 precondition failure received in response to either an 
INVITE or UPDATE 

A 580 Precondition failure response may be received as a response either to an INVITE or to an UPDATE request. 

7.2.3.2.17.1 580 Precondition failure response to an INVITE 

Release with cause code as indicated in table 17 is sent immediately to the BICC/ISUP network. 

7.2.3.2.1 7.2 580 Precondition failure response to an UPDATE within an early dialog 

Release with Cause Code '127 Interworking' is sent immediately to the BICC/ISUP network. A BYE request is sent for 
the INVITE transaction within which the UPDATE was sent. 
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7.2.3.2.18 Sending of CANCEL 

0-MGCF 
COT (failure) 



-> 



CANCEL 
► 



Figure 23: Receipt of COT (failure). 

CANCEL shall be sent if the Continuity message is received with the Continuity Indicators parameter set to "continuity 
check failed" or the ISUP (or BICC) timer T8 expires. 

7.2.3.2.19 Receipt of SIP redirect (3xx) response 

O-MGCF 



REL 

(Cause value 127) 
M 



SIP response 
code 3xx 



Figure 24: Receipt of SIP response code 3xx 

When receiving a SIP response with a response code 3xx, the default behaviour of the O-MGCF is to release the call 
with a cause code value 127 (Interworking unspecified). 

NOTE: The O-MGCF may also decide for example to redirect the call towards the URIs in the Contact header 
field of the response as an operator option, but such handling is outside of the scope of the present 
document. 

7.2.3.2.20 Sending of INFO for overlap signalling using the in-dialog method 

7.2.3.2.20.1 General 

SIP INFO request are used to carry additional digits when overlap signalling is sent using the in-dialog method as 
described in Clause 7.2.3.2.1a.2, which is a network option. Clause 7.2.3.2.1a.2 also describes when the O-MGCF sends 
a SIP INFO request. 

7.2.3.2.20.2 Encoding of the INFO 

Table 18b provides a summary of how the header fields within the outgoing INFO messages are populated when in- 
dialog SIP INFO requests are used for overlap dialling. 

Table 18b: Interworked contents of the INFO message 



SAM^ 


INFO^ 


Digits 


See Annex G 
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7.2.3.3 Timers 



Table 19: Timers for interworking 



Symbol 


Time-out value 


Cause for initiation 


Normal termination 


At expiry 


Reference 


Ti/w1 


4 s to 6 s (default 
of 4 s) 


When last address 
message is received 
and the minimum 
number of digits 
required for routing 
the call have been 
received. 


At the receipt of 
fresh address 
information. 


Send INVITE, send the 
address complete 
message 


7.2.3.2.1 
7.2.3.2.4 
(NOTE 1) 


Ti/w2 


4 s to 20 s 
(default of 4 s) 


When INVITE is sent 
unless the ACM has 
already been sent. 


On reception of 180 
Ringing , or 183 
Session Progress 
and P-Early-Media 
header authorizing 
early media, or 
404 Not Found or 
484 Address 
Incomplete for an 
INVITE transaction 
for which Ti/w3 is 
running, or 200 OK 
(INVITE). 


Send ACM (no 
indication) 


7.2.3.2.4 
7.2.3.2.1 
(NOTE 2) 


Ti/w3 


4-6 seconds 
(default of 4 
seconds) 


On receipt of 404 Not 
Found or 484 
Address Incomplete if 
there are no other 
pending INVITE 
transactions for the 
corresponding call. 


At the receipt of 
SAM 


Send REL with Cause 
Value 28 to the 
BICC/ISUP side. 


7.2.3.2.1A, 
7.2.3.2.12.1 
(NOTE 3) 


NOTE 1 : This timer is used wlien overlap signalling is received from BICC/ISUP network and converted to en-block 
signalling at the MGCF. 

NOTE 2: This timer is used to send an early ACM if a delay is encountered in receiving a response from the 
subsequent SIP network. 

NOTE 3: This timer is known as the "SIP dialog protection timer". This timer is only used where the 0-MGCF is 
configured to send INVITE before end of address signalling is determined. 



7.3 Interworking between CS networks supporting BICC and 
the IIVI CN subsystem 

The control plane between CS networks supporting BICC and the IM CN subsystem supporting SIP, where the 
underlying network is SS7 and IP respectively is as shown in figures 25, 26 and 27. 



BICC 
STC 



MTP3 



MTP2 



LI 



SS7 signalling 
function 



_EICC_ 





MTP3 


M3UA 


MTP2 


SCTP 


LI 


IP 



IP 



Signalling gateway 
function 





BICC 


SIP 


STC 


M3UA 


TCP/ 
UDP/ 
SCTP 


SCTP 


IP 


IP 



SIP 



Media gateway 
control function 



SIP 



TCP/ 
UDP/ 
SCTP 



IP 



SIP signalling 
function 



Figure 25: Control Plane interworking between CS networks supporting BICC over IUITP3 and the IM 

CN subsystem 
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Figure 26: Control Plane interworking between CS networks supporting BICC over MTP3B over AAL5 

and the IM CN subsystem 
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Figure 27: Control Plane interworking between CS networks supporting BICC 
over STC and M3UA and the IM CN subsystem 



7.3.1 Services performed by network entities in tlie control plane 

Services offered by the network entities in the control plane are as detailed in clause 7.2.1. 

If ATM transport is applied between the SS7 Signalling function and the Signalling Gateway Function, they shall apply 
MTP3B (ITU-T Recommendation Q.2210 [46]) over SSCF (ITU-T Recommendation Q.2140 [45]) over SSCOP (ITU- 
T Recommendation Q.2110 [44]) over AAL5 (ITU-T Recommendation 1.363.5 [43]) as depicted in figure 26. 

If IP transport is applied between the SS7 Signalling function and the MGCF, they shall support and apply M3UA, 
SCTP and IP (either IPv4, see RFC 791 [16], or IPv6, see RFC 2460 [39]), as depicted in figure 27. 

7.3.2 Signalling interactions between network entities in the control plane 
7.3.2.1 Signalling between the SS7 signalling function and MGCF 

See clause 7.2.2.1. 
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7.3.2.1 .1 Signalling from MGCF to SS7 signalling function 
See clause 7.2.2.1.1. 

7.3.2.1 .2 Signalling from SS7 signalling function to MGCF 
See clause 7.2.2.1.2. 

7.3.2.1 .3 Services offered by STC, SCTP and M3UA 

See clause 7.2.2.1.3. 

7.3.2.1.3.1 Services offer by SCTP 
See clause 7.2.2.1.3.1. 

7.3.2.1.3.2 Services offered by M3U A 
See clause 7.2.2.1.3.2. 

7.3.2.1.3.3 Services offered by STC 

STC provides the services for the transparent transfer of STC user information, e.g. BlCC, between STC users, i.e. the 
SS7 signalling function and the MGCF (see 3GPP TS 29.205 [14]). 

STC performs the functions of data transfer service availability reporting and congestion reporting to the STC user and 
User part availabiUty control. See ITU-T Recommendation Q. 2150.1 [29]. 

7.3.2.2 Signalling between the MGCF and SIP signalling function 

See clause 7.2.2.2. 

7.3.3 SIP-BICC protocol interworking 

7.3.3.1 Incoming call intenworking from SIP to BlCC at l-MGCF 

7.3.3.1.1 Sending of lAM 

On reception of a SIP INVITE requesting an audio session, the l-MGCF shall send an 1AM message. 

An I-MGCF shall support both incoming INVITE requests containing SIP preconditions and lOOrel extensions in the 
SIP Supported or Require headers, and INVITE requests not containing these extensions, unless the Note below appUes. 

NOTE: If the l-MGCF is deployed in an IMS network that by local configuration serves no user requiring 
preconditions, the MGCF may not support incoming requests requiring preconditions. 

The l-MGCF shall interwork forked INVITE requests with different request URIs. 



I-MGCF 



INVITE 


lAM 


► 


► 



Figure 28: receipt of Invite 
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The I-MGCF shall reject an INVITE request for a session only containing unsupported media types by sending a status 
code 488 "Not Acceptable Here". If audio media streams and non-audio media streams are contained in a single 
INVITE request, the non-audio media streams shall be rejected in the SDP answer, as detailed in RFC 3264 [36]. 

The I-MGCF shall include a To tag in the first backward non-100 provisional response, in order to estabUsh an early 
dialog as described in RFC 3261 [19]. 



7.3.3.1.2 Coding of I AM 

The description of the following ISDN user part parameters can be found in ITU-T Reconamendation Q.763 [4]. 

7.3.3.1 .2.1 Called party number 
See clause 7.2.3.1.2.1. 

7.3.3.1 .2.2 Nature of connection indicators 

bits BA Satellite indicator 

no satellite circuit in the connection 
bits DC Continuity indicator (BlCC) 

1 COT to be expected 

bit E Echo control device indicator 

1 outgoing echo control device included 

7.3.3.1 .2.3 Forward call indicators 

See clause 7.2.3.1.2.3. 

7.3.3.1 .2.4 Calling party's category 
See clause 7.2.3.1.2.4. 

7.3.3.1.2.5 Transmission medium requirement 
See clause 7.2.3.1.2.5. 

7.3.3.1 .2.6 Calling party number 
See clause 7.2.3.1.2.6. 

7.3.3.1.2.7 Generic number 
See clause 7.2.3.1.2.7. 

7.3.3.1 .2.8 User service information 

See clause 7.2.3.1.2.8. 

7.3.3.1 .2.9 Hop counter (National option) 
See clause 7.2.3.1.2.9. 

7.3.3.1 .2A Coding of the lAM when Number Portability is supported 
See clause 7.2.3. 1.2A. 
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7.3.3.1 .2B Coding of the I AM for Carrier Routeing 
See clause 7.2.3. 1.2B. 

7.3.3.1.3 Sending of COT 



I-MGCF 

SDP indicating 
pre-conditions 
met 

And/or 



Active media 

Figure 29: Sending of COT 

When the requested preconditions in the IMS (if any) have been met, any SDP "inactive" attribute applied to media in 
the initial INVITE request has been cleared with a subsequent SDP offer, and the lAM has already been sent, then the 
Continuity message shall be sent indicating "continuity check successful". 



COT 



7.3.3.1 .3A Sending of SAM 
See clause 7.2.3. 1.3A 



7.3.3.1 .4 Sending of 1 80 Ringing 

See clause 7.2.3.1.4 

7.3.3.1 .4A Sending of 1 83 Session Progress for early media scenarios 
See clause 7.2.3. 1.4A 

7.3.3.1 .4B Sending of 181 Call is being forwarded 
See clause 7.2.3. 1.4B 

7.3.3.1 .4C Sending of 183 Session Progress for overlap signalling using the in-dialog 
method 

See clause 7.2.3. 1.4C 

Note: If the network option of overlap signalling using the in-dialog method is appUed at the 1-MGCF in combination 
with the optional codec negotiation interworking with BICC in clause B.2., in order to meet the requirement in clause 
B.2. 1 that the 1-MGCF suspends the SDP answer procedure until it receives backward codec information from BICC, 
the 183 session progress response will not contain the SDP answer. 



7.3.3.1 .5 Sending of the 200 OK (INVITE) 
See clause 7.2.3.1.5. 
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7.3.3.1 .6 Sending of the Release message (REL) 
See clause 7.2.3.1.6. 

7.3.3.1.7 Coding of the REL 
See clause 7.2.3.1.7. 

7.3.3.1 .8 Receipt of the Release Message 

See clause 7.2.3.1.8. 

7.3.3.1 .9 Receipt of RSC, GRS or CGB (H/W oriented) 
See clause 7.2.3.1.9. 

7.3.3.1 .9a Receipt of REFER 
See clause 7.2.3.1.9a. 

7.3.3.1 .9b Autonomous Release at l-MGCF 

See clause 7.2.3.1.10. 

7.3.3.1 .10 Internal through connection of the bearer path 

The through connection procedure is described in subclauses 9.2.3.1.7 and 9.2.3.2.7. 

7.3.3.1.11 Out of Band DTMF 

If a SIP UA sends DTMF tones to the IM-MGW , the IM-MGW may report this information via the Mn interface to the 
MGCF. The MGCF shall send to the BlCC network the APM message with the following values for the different 
parameters: 

- Action indicator in accordance with the requested DTMF transport function 

- Signal in accordance with which DTMF digit to send 

Duration in accordance with the required duration of the DTMF digit. 

If the BICC network sends an APM message with DTMF signal, duration and action indicator to the MGCF, the MGCF 
may send this information to the IM-MGW via the Mn interface. The IM-MGW shall send the corresponding DTMF 
signal and duration information on the user plane of the IM CN subsystem according to RFC 4733 [105]. 

The interactions with the IM-MGW are shown in clause 9.2.8. 

7.3.3.2 Outgoing Call Interworking from BICC to SIP at 0-MGCF 
7.3.3.2.1 Sending of INVITE 

The following particularities apply for a BICC lAM received case, with regard to the already specified in clause 
7.2.3.2.1. 

The O-MGCF should defer sending the INVITE request until the BICC bearer setup and any local resource reservation 
is completed. 
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NOTE: If the O-MGCF sends the INVITE request before the BICC bearer setup and any local resource 

reservation is completed, the following considerations apply: If the receiving terminal is not supporting 
the SIP precondition, clipping may occur. Furthermore, if the MGCP sets the SDP "inactive" attribute in 
the initial INVITE request and the receiving terminal is not supporting the SIP precondition and the SIP 
UPDATE method, the interworking procedures within the present specification do not describe all 
necessary signalling interactions required to set up a call, in particular with respect to the sending of the 
re-INVITE that may also cause additional delay in the call setup. In addition, the interworking of the 
ringing indication might not be possible if the peer sends the ringing indication only as response to a re- 
INVITE. 

The BICC bearer setup is completed when one of the following conditions is met 

- The event Bearer Set-up indication - for the forward bearer set-up case where the incoming Connect Type is 

"notification not required", which indicate successful completion of bearer set-up, is received by the Incoming 
bearer set-up procedure, (ITU-T Recommendation Q. 1902.4 [30] clause 7.5) 

- Bearer Set-up Connect indication for the backward call set-up case, which indicate successful completion of 
bearer set-up, is received by the Incoming bearer set-up procedure, (ITU-T Reconmiendation Q. 1902.4 [30] 
clause 7.5) 

BNC set-up success indication for cases using bearer control tunnelling which indicate successful completion of 
bearer set-up, is received by the Incoming bearer set-up procedure, (ITU-T Recommendation Q. 1902.4 [30] 
clause 7.5) 

7.3.3.2.1 a Sending of INVITE without determining tine end of address signalling 
See Clause 7.2.3.2.1a. 

7.3.3.2.2 Coding of the INVITE 

7.3.3.2.2.1 REQUEST URI Header 

See clause 7.2.3.2.2.1 

7.3.3.2.2.2 SDP Media Description 

If the O-MGCF sends the INVITE request without waiting for the BICC bearer setup and any local resource reservation 
to complete, it shall indicate that SDP preconditions are not met. 

The SDP media description will contain precondition information as per RFC 3312 [37]. 

The O-MGCF shall include the AMR codec transported according to RFC 3267 [23] with the options Usted in clause 
5 . 1 . 1 of 3GPP TS 26.236 [32] in the SDP offer. Within the SDP offer, the O-MGCF should also provide SDP RR and 
RS bandwidth modifiers specified in IETF RFC 3556 [59] to disable RTCP, as detailed in Clause 7.4 of 3GPP TS 
26.236 [32]. 

7.3.3.2.2.3 P-Asserted-ldentity and privacy header fields 
See clause 7.2.3.2.2.3 

7.3.3.2.2.4 Max Forwards header 
See clause 7.2.3.2.2.4 

7.3.3.2.2.5 IMS Communication Service Identifier 

For speech and video calls, the O-MGCF shall insert an IMS Communication Service Identifier, indicating the IMS 
Multimedia Telephony Communication Service. 

The IMS Communication Service Identifier for the IMS Multimedia Telephony Communication Service is defined in 
3GPPTS 24.173 [88]. 
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7.3.3.2.2A Coding of the INVITE when number portability is supported 

See clause 7.2.3.2.2A. 

7.3.3.2. 2B Coding of the INVITE for Carrier Routeing 
See clause 7. 2.3.2. 2B. 

7.3.3.2.3 Sending of UPDATE 

This clause only applies if the O-MGCF sends the INVITE request before preconditions are met (see Clause 7.3.3.2.1) 

O-MGCF 
COT (success) 



> 



UPDATE 
► 



Figure 30: Receipt of COT (success). 



The UPDATE shall be sent for each early SIP dialogue confirming that all the required preconditions have been met 
when all the following conditions are met. 

1. A Continuity message, with the Continuity Indicators parameter set to "continuity" shall be received. 

2. The requested preconditions in the IMS (if any) are met. 

In addition, depending on which bearer set-up procedure used for the call one of the following condition shall be 

met 

- The event Bearer Set-up indication - for the forward bearer set-up case where the incoming Connect Type is 
"notification not required", which indicate successful completion of bearer set-up, is received by the Incoming 
bearer set-up procedure, (ITU-T Recommendation Q. 1902.4 [30] clause 7.5) 

Bearer Set-up Connect indication for the backward call set-up case, which indicate successful completion of 
bearer set-up, is received by the Incoming bearer set-up procedure, (ITU-T Recommendation Q. 1902.4 [30] 
clause 7.5) 

- BNC set-up success indication for cases using bearer control tunnelling which indicate successful completion of 
bearer set-up, is received by the Incoming bearer set-up procedure, (ITU-T Recommendation Q. 1902.4 [30] 
clause 7.5) 



7.3.3.2.4 Sending of ACM and Awaiting Answer indication 

See clause 7.2.3.2.4 

The sending of an awaiting answer indication is described in clause 9.2.3.1. and clause 9.2.3.2. 

7.3.3.2.5 Coding of the ACM 

7.3.3.2.5.1 Backward call indicators 
See clause 7.2.3.2.5.1 

7.3.3.2.6 Sending of the Call Progress message (CPG) 

See clause 7.2.3.2.6. 
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7.3.3.2.7 Coding of the CPG 

7.3.3.2.7.1 Event information 
See clause 7.2.3.2.7.1. 

7.3.3.2.7a Receipt of 200 OK (INVITE) 

See clause 7.2.3.2.7a. 

7.3.3.2.8 Sending of tine Answer Message (ANM) 
See clause 7.2.3.2.8. 

7.3.3.2.9 Coding of the ANM 
See clause 7.2.3.2.9. 

7.3.3.2.10 Sending of the Connect message (CON) 

See clause 7.2.3.2.10. 

7.3.3.2.1 1 Coding of the CON 
See clause 7.2.3.2.11. 

7.3.3.2.1 1 .1 Backward call indicators 

See clause 7.2.3.2.11.1. 

7.3.3.2.1 1 A Receipt of re-INVITE requests 

See clause 7.2.3.2.11A. 

7.3.3.2.12 Receipt of Status Codes 4xx, 5xx or 6xx 
See clause 7.2.3.2.12. 

7.3 3.2.13 Receipt of a BYE 

See clause 7.2.3.2.13. 

7.3.3.2.14 Receipt of the Release Message 

See clause 7.2.3.2.14. 

7.3.3.2.15 Receipt of RSC, GRS or CGB (H/W oriented) 
See clause 7.2.3.2.15. 

7.3.3.2.16 Out of Band DTMF 

If a SIP UA sends DTMF tones to the IM-MGW, the IM-MGW may report this information via the Mn interface to the 
MGCF. The MGCP shall send to the BICC network the APM message with the following values for the different 
parameters: 

- Action indicator in accordance with the requested DTMF transport function 

- Signal in accordance with which DTMF digit to send 
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- Duration in accordance with the required duration of the DTMF digit. 

If the BICC network sends an APM message with DTMF signal, duration and action indicator to the MGCP, the MGCF 
may send this information to the IM-MGW via the Mn interface. The IM-MGW shall send the corresponding DTMF 
signal and duration information on the user plane of the IM CN subsystem according to 4733 [105]. 

The interaction with the IM-MGW is shown in clause 9.2.8. 

7.3.3.2.1 7 Sending of CANCEL 

See clause 7.2.3.2.18. 

7.3.3.2.18 Autonomous Release at 0-MGCF 
See clause 7.2.3.2.16. 

7.3.3.2.19 Special handling of 580 precondition failure received in response to either an 
INVITE or UPDATE 

See clause 7.2.3.2.17. 

7.3.3.2.20 Receipt of SIP redirect (3xx) response 
See clause 7.2.3.2.19. 

7.3.3.2.21 Sending of INFO for overlap signalling using the in-dialog method 

See Clause 7.2.3.2.20. 

7.3.3.3 Timers 

See clause 7.2.3.3. 

7.4 Supplementary services 

The following sub-clauses describe the MGCF behaviour related to supplementary services as defined in ITU-T 
Recommendations Q.730 to ITU-T Q.737 [42]. The support of these supplementary services is optional. If the 
supplementary services are supported, the procedures described within this clause shall be apphed. 

7.4.1 Calling line identification presentation/restriction (CLIP/CLIR) 

The inter working between the Calling Party Number parameter and the P-Asserted-ID header and vice versa used for 
the CLIP-CLIR service is defined in the clauses 7.2.3.1.2.6 and 7.2.3.2.2.6. This inter working is essentially the same as 
for basic call and differs only in that if the CLIR service is invoked the "Address Presentation Restriction Indicator 
(APRI)" (in the case of ISUP to SIP calls) or the "priv value" of the "calling" Privacy header field (in the case of SIP to 
ISUP calls) is set to the appropriate "restriction/privacy" value. 

In the specific case of ISUP originated calls, use of the CLIP service additionally requires the ability to determine 
whether the number was network provided or provided by the access signalling system. Due to the possible SIP 
indication of the P-Asserted-Identity the Screening indicator is set to network provided as default. For the CLIP-CLIR 
service the mapping of the APRI from privacy header at the O-MGCF is described within table 16 in Clause 7.2.3.2.2.6. 

At the O-MGCF the presentation restricted indication shall be mapped to the privacy header = "id" and "header". This is 
described in table 5 in clause 7.2.3.1.2.6. 
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7.4.2 Connected line presentation and restriction (COLP/COLR) 

The COLP/COLR services are only to be interworked between trusted nodes - that is before passing any COLP/COLR 
information over the SIP-BICC/ISUP boundary the MGCF shall satisfy itself that the nodes on the BICC/ISUP side to 
which the information is to be passed are trusted. 

7.4.2.1 Incoming Call Interworking From SIP to BICC/ISUP At The l-MGCF 

7.4.2.1 .1 INVITE to lAM interworking (SIP to ISUP/BICC calls) 

In the case of SIP to ISUP/BICC calls the I-MGCF may invoke the COLP service as an operator option by setting the 
"Connected Line Identity Request indicator" field of the "Optional forward call indicators" parameter of the 1AM to 
"requested". 

NOTE: This implies that all outgoing calls will invoke the COLP service. 

7.4.2.1.2 ANM/CON to 200 OK (INVITE) 

Tables 20 and 21 specify the interworking required in the case when the COLP has been automatically requested on 
behalf of the originating SIP node. The table also indicates the inter workings required if the COLP service has been 
invoked and the called party has or has not invoked the COLR service. 



Table 20 - Mapping to P-Asserted-identity and Privacy Header Fields 



SIP Component 


Setting 


P-Asserted-ldentity 


See table 21 


Privacy 


See table 22 
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Table 21 - Mapping of connected number parameter to SIP P-Asserted-ldentity header fields 



BICC/ISUP parameter / 
field 


Value 


SIP component 


Value 


Connected Number 




P-Asserted-ldentity header 
field 




Nature of Address 
Indicator 


"national (significant) 
number" 


Tel URI or SIP URI 
(NOTE 1) 


Add CO (of the country 
where the IVIGGF is 
located) to Connected PN 
address signals to 
construct E.164 number in 
URI. Prefix number with 
"+". 


"international number" 


Map complete Connected 
address signals to 
construct E.164 number in 
URI. Prefix number with 
"+". 


Address signal 


If NOA is "national 
(significant) number" then 
the format of the address 

signals is: 
NDC + SN 

If NOA is "international 

number" 

then the format of the 
address signals is: 
CC + NDC + SN 






Tel URI or SIP URI 
(NOTE 1) 


CC+NDC+SN as E.164 
number in URI. Prefix 
number with "+". 


NOTE 1 : A tel URI or a SIP URI with "user=phone" is used according to operator policy. 


Table 22: lUlapping of BICC/ISUP APRIs into SIP privacy header fields 


BICC/ISUP parameter / 
field 


Value 


SIP component 


Value 


Connected Number 




Privacy header field 


priv-value 


APRI 

(See to determine which 
APRI to use for this 
mapping) 


"presentation restricted" 


Priv-value 


"id" 

("id" included only if the P- 
Asserted-ldentity header is 
included in the SIP 
INVITE) 


"presentation allowed" 


Priv-value 


omit Privacy header 
or Privacy header without 
"id" if other privacy service 
is needed 



7.4.2.2 Outgoing Call Interworking from BICC/ISUP to SIP at 0-MGCF 
7.4.2.2.1 lAM to INVITE interworking (ISUP to SIP calls) 

The O-MGCF determines that the COLP service has been requested by the calling party by parsing the "Optional 
Forward Call Indicators" field of the incoming lAM. If the "Connected Line Identity Request indicator" is set to 
"requested" then the BICC/ISUP to SIP interworking node shall ensure that any backwards "connected party" 
information is interworked to the appropriate parameters of the ISUP ANM or CON message sent backwards to the 
calling party as detailed within this clause. 

The O-MGCF has to store the status of the "Connected Line Identity Request indicator". 
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7.4.2.2.2 



1XX to ANM or CON interworking 



If the P-Asserted-Identity header field is included within a IXX SIP response, the identity shall be stored within the O- 
MGCF together with information about the SIP dialogue of the IXX SIP response and shall be included within the 
ANM or CON message if required by the procedures described in subclause 7.4.2.2.3. In accordance with ISUP 
procedures, a connected number shall not be included within the ACM message. The mapping of the of the P-Asserted- 
Identity and Privacy header fields is shown in tables 23 and 24. 



Tables 23 and 24 specify the interworking required in the case when the calling party has invoked the COLP service. 
The tables also indicate the interworking procedures required if the calling party has invoked the COLP service and the 
called party has or has not invoked the COLR service. 

If no P-Asserted-Identity header field is provided within the 200 OK (INVITE) message, the stored information 
previously received in the last provisional IXX response of the same SIP dialogue shall be used. 

NOTE: Due to forking, other P-Asserted-Identities might have been received in different SIP dialogues. 

If the Calling Party has requested the COLP service (as indicated by the stored request status) but the 200 OK (INVITE) 
and previous IXX provisional responses do not include a P-Asserted-Identity header field, the O-MGCF shall set up a 
network provided Connected Number with an Address not Available indication. 

If the P-Asserted-Identity is available then the Connected number has to be setup with the screening indication network 
provided. The mapping of the P-Asserted-Identity and Privacy (if available) is shown in table 24. 



7.4.2.2.3 



200 OK (INVITE) to ANM/CON interworking 
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Table 23 - Connected number parameter mapping 



<- ANM/CON 


i- 200 OK INVITE 


Connected Number (Network Provided) 


P-Asserted-ID 


Address Presentation Restricted Indicator 


Privacy Value Field 



Table 24: Mapping of P-Asserted-ldentity and privacy lieaders to the ISUP/BICC connected number 

parameter 



SIP component 


Value 


BICC/ISUP parameter / field 


Value 


P-Asserted- Identity 
header field (NOTE 1) 


E.164 number 


Connected Number 








Number incomplete indicator 


"Complete" 






Numbering Plan Indicator 


"ISDN/Telephony (E.164)" 






Nature of Address Indicator 


If CC encoded in the URI 
is equal to the CC of the 
country where MGCF is 
located AND the next 
BICC/ISUP node is located 
in ine same cournry xnen 
set to "national (significant) 

ni 1 mhor" 

1 lU 1 1 lUcI 

else set to "international 
number" 






Address Presentation Restricted 

Indicator (APRI) 


Depends on priv-value in 
Privacy header. 






Screening indicator 


Network Provided 


Addr-spec 


"CC" "NDC" "SN" from 
the URI 


Address signal 


if NOA is "national 
(significant) number" then 

set to 

"NDC" + "SN" 

If NOA is "international 

number" 

Then set to "CC"-i-" 
NDC"-i-"SN" 


Privacy header field is 
not present 




APRI 


Presentation allowed 


Privacy header field 


priv-value 


APRI 


"Address Presentation 
Restricted Indicator" 


priv-value 


"header" 


APRI 


Presentation restricted 




"user" 


APRI 


Presentation restricted 




"none" 


APRI 


Presentation allowed 




"id" 


APRI 


Presentation restricted 


NOTE 1 : It is possible that a P-Asserted -Identity header field includes both a TEL URI and a SIP or SIPS URI. 
In this case, either the TEL URI or the SIP URI with user="phone" and a specific host portion, as 
selected by operator policy, may be used. 



7.4.3 Direct Dialling In (DDI) 

A direct dialling in call is a basic call and no additional treatment is required by the MGCF. 

7.4.4 Malicious call identification 

The actions of the MGCF at the ISUP/BICC side are described in ITU-T Recommendation Q.731.7 [42] under the 
clause "Interactions with other networks". 
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7.4.5 Subaddressing (SUB) 

7.4.5.1 General 

The ISDN Subaddress in ISUP is transported within the Access Transport Parameter. The Coding of the Subaddress 
parameter within the Access Transport Parameter is described within ETSI EN 300 403-1 [96]. The isdn-subaddress 
parameter carried within a tel or sip URI is defined within RFC 3966 [97]. The isdn-subaddress encoding type carried 
within a tel or sip URI is defined within RFC 4715 [108]. 

7.4.5.2 Incoming Call Interworking from SIP to ISUP at l-MGCF 

The mapping in Table 24ba of the isdn-subaddress parameter received within a tel or sip URI to the ISUP Access 
Transport Parameter encapsulating the Subaddress shall be applied. 

The mapping in Table 24bb of the Subaddress received within an ANM Message containing the ISUP Access Transport 
Parameter to the isdn-subaddress of a tel or sip URI to be sent within a 200 OK (INVITE) shall be applied. 



Table 24ba Mapping of the Subaddress received in an initial INVITE to the Subaddress sent in the 

lAM 



SIP Message INVITE 


ISUP Message lAM 


Source SIP 
header field and 
component 


Source component value 


ISUP 
Parameter 
field 


Derived value of parameter field 


To header field 
including the 
isdn- 
subaddress 


"isub=" 
1*urlc 

"uric" 

containing 

the 

Subaddress 
digits 


isub-encoding not 
present 


Access 

Transport 

Parameter 


called party 
Subaddress 


Type of Subaddress = 
"NSAP" (000) 


"isub- 

encodlng=nsap- 

ia5" 


"isub- 

encodlng=nsap- 
bcd" 


Type of Subaddress = 
"NSAP" (000) 


"Isub- 

encoding=nsap" 


Type of Subaddress = 
"NSAP" (000) 


"isub=" 1*uric ("uric" containing 
the Subaddress digits) and isub- 
encoding does not contain nsap 
value 


No mapping 


P-Asserted- 
Identlty header 
Field 

including the 
isdn- 
subaddress 


";isub=" 
1*urlc 

"uric" 

containing 

the 

Subaddress 
digits 


isub-encoding not 
present 


Access 

Transport 

Parameter 


calling 
party 


Type of Subaddress = 
"NSAP" (000) 


"isub- 

encoding=nsap- 
ia5" 


"isub- 

encodlng=nsap- 
bcd" 


Subaddress 


Type of Subaddress = 
"NSAP" (000) 


"isub- 

encoding=nsap" 




Type of Subaddress = 
"NSAP" (000) 


"isub=" 1*uric i 
the Subaddres! 
encoding does 
value 


"uric" containing 
i digits) and Isub- 
not contain nsap 


No mapping 
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Table 24bb Mapping of the Subaddress received in an ANM to the Subaddress sent in the 200 OK 

(INVITE) 



ISUP Message ANM 


SIP Message 200 (OK) 


ISUP Parameter field 


Source component value 


Source SIP header field 
and component 


Derived value of parameter 
field 


Access Transport 
parameter 


connected party 
Subaddress and Type of 
Subaddress = "NSAP" (000) 


P-Asserted-ldentity 
including the isdn- 
subaddress 


";isub=" 1*uric and "isub- 
encoding=nsap-ia5" 
The Subaddress digits 
included into the "uric" 
shall be derived from the 
Access Transport 
parameter 


connected party 
Subaddress 

and Type of Subaddress ^ 
"NSAP" (000) 


No mapping 



7.4.5.3 Outgoing Call Interworking from ISUP to SIP at 0-MGCF 

The mapping in Table 24bc of the isdn-subaddress parameter received within a tel or sip URI to the ISUP Access 
Transport Parameter encapsulating the Subaddress shall be applied. 

The mapping in Table 24bd of the Subaddress received within an ANM Message containing the ISUP Access Transport 
Parameter to the isdn-subaddress of a tel or sip URI to be sent within a 200 OK (INVITE) shall be applied. 



Table 24bc Mapping of the Subaddress received in an lAM to the Subaddress sent in the INVITE 



ISUP lAM 


Message 


SIP INVITE Message 


ISUP Parameter field 


Source component value 


Source SIP header field 
and component 


Derived value of parameter 

field 




called party Subaddress 
and Type of Subaddress = 
"NSAP" (000) 


To header field 
including the isdn- 
subaddress 


";lsub=" 1*uric and "isub- 
encoding=nsap-ia5" 
The Subaddress digits 
included into the "uric" 
shall be derived from the 
Access Transport 
parameter 


Access Transport 
parameter 


called party Subaddress 
and Type of Subaddress ^ 
"NSAP" (000) 


No mapping 




calling party Subaddress 
and Type of Subaddress = 
"NSAP" (000) 


P-Asserted-ldentlty 
header field including 
the isdn-subaddress 


";isub=" 1*uric and "isub- 
encoding=nsap-ia5" 
The Subaddress digits 
included into the "uric" 
shall be derived from the 
Access Transport 
parameter 




calling party Subaddress 
and Type of Subaddress ^ 
"NSAP" (000) 


No mapping 



ETSI 



3GPP TS 29.1 63 version 8.5.0 Release 8 1 01 ETSI TS 1 29 1 63 V8.5.0 (2009-02) 



Table 24bd Mapping of the Subaddress received in a 200OK to tlie Subaddress sent in tlie ANIUl 



SIP Message 200 (OK) 


ISUP Message ANM 


Source SIP 
header field and 
component 


Source component value 


ISUP 
Parameter 
field 


Derived value of parameter field 


r-Asseriea- 
Identity header 
Field 

including the 
isdn-subaddress 


"isub=" 1*uric 

"uric" 

containing 

the 

Subaddress 
digits 


isub-encoding not 

present 

"isub- 

encoding=nsap- 

ia5" 


Access 

Transport 

parameter 


connected 
party 

Subaddress 


Type of Subaddress = 
"NSAP" (000) 


"isub- 

encoding=nsap- 
bcd" 


Type of Subaddress = 
"NSAP" (000) 


"isub- 

encoding=nsap" 


Type of Subaddress = 
"NSAP" (000) 


"isub=" 1*uric i 
the Subaddress 
encoding does 
value 


"uric" containing 
> digits) and isub- 
not contain nsap 


No mapping 



7.4.6 Call Forwarding Busy (CFB)/ Call Forwarding No Reply (CFNR) / 
Call Fonwarding Unconditional (CFU) 

The actions of the MGCF at the ISUP/BICC side are described in ITU-T Recommendation Q.732.2-4 [42] under the 
clause "Interactions with networks not providing any call diversion information". 

7.4.7 Call Deflection (CD) 

The actions of the MGCF at the ISUP/BICC side are described in ITU-T Recommendation Q.732.5 [42] under the 
clause "Interactions with other networks". 

7.4.8 Explicit Call Transfer (ECT) 

When the MGCF receives a FAC message with Generic notification indicator coded as "Call transfer active" or "call 
transfer alerting" and a CPG with Generic notification indicator coded as "Remote hold" was received previously for the 
current communication, the action described in table 1 applies. In all other cases the actions of the MGCF at the 
ISUP/BICC side are described in ITU-T Recommendation Q.732.7 [42] under the clause "Interactions with other 
networks". 



Table 1 : lUlapping between ISUP and SIP for the Explicit Communication Transfer supplementary 

service 



ISUP message 


Mapping 


FAC with a "call transfer, active" Generic 
notification indicator 


As described for CPG message with a 'remote retrieval' Generic notification 
indicator in Subclause 7.4.10.2 



7.4.9 Call Waiting 

The actions of the MGCF at the ISUP/BICC side are described in ITU-T Q.733.1 [42] under the clause "Interactions 
with other networks". 

7.4.10 Call Hold 

The service is interworked as indicated in 3GPP TS 23.228 [12]. 
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7.4.10.1 Session hold initiated from tine IM CN subsystem side 

The IMS network makes a hold request by sending an UPDATE or re-INVFTE message with an "inactive" or a 
"sendonly" SDP attribute (refer to RFC 3264 [36]) , depending on the current state of the session. Upon receipt of the 
hold request from the IMS side, the MGCF shall send a CFG message to the CS side with a 'remote hold' Generic 
notification indicator. To resume the session, the IMS side sends an UPDATE or re-INVITE message with a "recvonly" 
or "sendrecv" SDP attribute, depending on the current state of the session. Upon receipt of the resume request from the 
IMS side, the MGCF shall send a CPG message to the CS side with a 'remove retrieval' Generic notification indicator. 
However, the I-MGCF shall not send a CPG message upon reception of SDP containing "inactive" media within an 
initial INVITE request establishing a new SIP dialogue and upon reception of the first subsequent SDP activating those 
media. 

The user plane interworking of the hold/resume request is described in the clause 9.2.9. 



MGCF 



2. BICC/ISUP: CPG (Hold) 


1. SIP: UPDATE [SDP, a=sendonly/ 
^ inactive] 


3. S!P: 200 OK [SDP] ^ 


5. BICC/ISUP: CPG (Retrieve) 


4. S!P: UPDATE [SDP, a=sendrecv/ 
recvonly] 


6. S!P: 200 OK [SDP] ^ 







Figure 30a Session hold/resume initiated from tlie IM CN subsystem side 



7.4.1 0.2 Session liold initiated from tine CS network side 

If an MSC receives a CPG message with "remote hold" and there is no dialog established towards the UE the MGCF 
shall send an UPDATE or re-INVITE request containing an SDP with "sendonly" or "inactive" media, as described in 

RFC 3264 [36], when the first established dialog is stablished. 

When an MGCF receives a CPG message with a "remote hold" Generic notification indicator and the media on the IMS 
side are not "sendonly" or "inactive", the MGCF shall forward the hold request by sending an UPDATE or re-INVITE 
message on the early dialog which was last established containing SDP with "sendonly" or "inactive" media, as 

described in RFC 3264 [36]. 

If additional early dialog is established during the "remote hold" condition the MGCF shall send UPDATE or re- 
INVITE request containing an SDP with "sendonly" or "inactive" media on the new estabUshed dialog , as described in 
RFC 3264 [36]. 

If an UPDATE request with an SDP offer is received on one of the early sialogs for a call in the "remote hold" 
condition the MGCFshaU send an appropriate SDP answer followed by a new UPDATE requeste including SDP with 
"sendonly" or "inactive" media on the dialog , as described in RFC 3264 [36]. 
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If a MGCF receives a 200 OK response on a dialog for which the call is "remote hold" condition the MGCF shall send 
UPDATE or re-INVITE request containing an SDP with "sendonly" or "inactive" media on the dialog where 200 OK 
was received, as described in RFC 3264 [36]. 

If the MGCF receives a CPG with Generic Notification Indicator "remote retrieval" for a early dialog then a SIP 
UPDATE request (indicating call retrieval) shall be sent if the call hold service had been invoked on the early dialog 
before. For each subsequent early dialog for which the MSC receives a 18x response or an UPDATE request with an 
SDP offer, the MSC shall sent SIP UPDATE indicating call retrieval after a possible SDP answer to the SDP offer, if 
that dialog had received a call hold indication before. 

If the MGCF receives a CPG with Generic Notification Indicator "remote retrieval" on a confirmed dialog then a SIP 
RE-INVITE or UPDATE request (according to implementation option]) shall be sent for this dialog only if the call hold 
service had been invoked for this dialog before. 

When an MGCF receives a CPG message with a "remote retrieval" Generic notification indicator and the media on the 
IMS side are not "sendrecv" or " recvonly" , the MGCF shall forward the resume request by sending an UPDATE or re- 
INVITE message containing SDP with "sendrecv" or "recvonly" media, as described in RFC 3264 [36]. 

If the MGCF receives a CPG with "remote hold" ' or "remote retrieval" before answer, it shall forward the request using 
an UPDATE message. If the MGCF receives a CPG with "remote hold" or "remote retrieval" after answer, it should 
forward the request using re-INVITE but may use UPDATE. 

If link aUveness information is required at the IM-MGW while the media are on hold, the O-MGCF should provide 
modified SDP RR and RS bandwidth modifiers specified in IETF RFC 3556 [59] within the UPDATE or re-INVITE 
messages holding and retrieving the media to temporarily enable RTCP while the media are on hold, as detailed in 
Clause 7.4 of 3GPP TS 26.236 [32]. If no Unk ahveness information is required at the IM-MGW, the O-MGCF should 
provide the SDP RR and RS bandwidth modifiers previously used. 

The interworking does not impact the user plane, unless the MGCF provides modified SDP RR and RS bandwidth 
modifiers within the UPDATE or re-INVITE messages. If the MGCF provides modified SDP RR and RS bandwidth 
modifiers to the IMS side, the MGCF shall also provide modified SDP RR and RS bandwidths to the IM-MGW, as 
described in the clause 9.2.10. 



MGCF 



1 . BICC/ISUP: CPG (Hold) 


2. SIE: UPDATE [SDP, a=sendonly/ 

inactive] ^ 


4. BICC/ISUP: CPG (Retrieve) 


^ 3. S!P: 200 OK [SDP] 


5. S!P: UPDATE [SDP, a=sendrecv/ 

recvonly] ^ 




^ 6. S!E: 200 OK [SDP] 





Figure 30b Session hold/resume initiated from the CS network side 
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7.4.1 1 Call Completion on busy subscriber 

The actions of the MGCF at the ISUP/BICC side are described in ITU-T Recommendation Q.733.3 [42] under the 
clause "Interactions with other networks". 

7.4.1 2 Completion of Calls on No Reply (CCNR) 

The actions of the MGCF at the ISUP/BICC side are described in ITU-T Recommendation Q.733.5 [42] under the 
clause "Interactions with other networks". 

7.4.13 Terminal Portability (TP) 

Terminal Portability is defined as an ISUP supplementary service within ITU-T Rec. Q.733.4. [42] 

A Suspend message containing the Suspend/Resume indicators set to "ISDN subscriber initiated" shall be treated like a 
CFG with "remote hold" in Section 7.4.10 Resume message containing the Suspend/Resume indicators set to "ISDN 
subscriber initiated" shall be treated hke a CPG with "remote retrieval" in Section 7.4.10. 

7.4.14 Conference calling (CONF) / Three-Party Service (3PTY) 

The default behaviour of the MGCF at the ISUP/BICC side are described in ITU-T Recommendation Q.734. 1 [42] 
under the clause "Interactions with other networks". In addition, the MGCF may apply the interworking from ISUP to 
SIP described in Table 24aa. 

Alternatively, the MGCF may apply the interworking to the TISPAN Simulation Conference Service described in 
Clause 7.5.6. 



Table 24aa: Mapping between ISUP and SIP for the Conference Calling (CONF) and Three-Party 

Service (3PTY) supplementary service 



ISUP message 


Mapping 


CPG with a "Conference established" 

Generic notification indicator 


As described for CPG message with a 'remote retrieval' Generic notification 

indicator in Subclause 7.4.10.2 


CPG with a "Conference disconnected" 
Generic notification indicator 


As described for CPG message with a 'remote 'retrieval' Generic notification 
indicator in Subclause 7.4.10.2 


CPG with an "isolated" Generic 
notification indicator 


As described for CPG message with a 'remote hold' Generic notification 
indicator in Subclause 7.4.10.2 


CPG with a "reattached" Generic 
notification indicator 


As described for CPG message with a 'remote retrieval' Generic notification 
indicator in Subclause 7.4.10.2 



7.4.15 Void 

7.4.1 6 Closed User Group (CUG) 

The actions of the MGCF at the ISUP/BICC side are described in ITU-T Recommendation Q.735.1[42] under the 
Clause 1.5.2.4.2 "Exceptional procedures". 

7.4.17 Multi-Level Precedence and Pre-emption (MLPP) 

The actions of the MGCF at the ISUP/BICC side are described in ITU-T Reconnmendation Q.735.3 [42] under the 
clause "Interactions with other networks". 

7.4.18 Global Virtual Network Service (GVNS) 

The actions of the MGCF at the ISUP/BICC side are described in ITU-T Recommendation Q.735.6 [42] under the 
clause "Interactions with other networks". 
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7.4.19 International telecommunication charge card (ITCC) 

An International Telecommunication charge card call is a basic call and no additional treatment is required by the 
MGCF. 

7.4.20 Reverse charging (REV) 

The actions of the MGCF at the ISUP/BICC side are described in ITU-T Recommendation Q.736.3 [42] under the 
clause "Interactions with other networks". 

7.4.21 User-to-User Signalling (UUS) 

7.4.21.1 User-to-User Signalling (UUS) service 1 (implicit) 

The coding of the User-user information element is described within Q.737.1[42]. The User-to-User header is defined 
within IETF draft-johnston- sipping-cc-uui [99]. 

Editors Note: IETF draft-johnston- sipping-cc-uui needs more detail on encoding of the UUI as defined within ITU- 
T Q.763 i.e., the protocol discriminator and the encoding syntax. 

7.4.21 .1 .1 Conversion of Format 

The content of the uuidata field of the User-to-User header shall start with the first octet being the protocol 
discriminator and followed by the user information octets. 

The format of the uuidata field shall be the hexadecimal representation of binary data coded in ascii alphanumeric 
characters. For example, the 8- bit binary value 0011- 1111 is 3F in hexadecimal. To code this in ascii, one 8- bit byte 
containing the ascii code for the character '3' (001 1- 001 1 or 033H) and one 8- bit byte containing the ascii code for the 
character 'F' (0100- 01 10 or 046H) are required. For each byte value, the high-order hexadecimal digit is always the first 
digit of the pair of hexadecimal digits. The ascii letters used for the hex digits shall always be capital form. 

For example: 

User-to-User: 00C81031313232333334343535363637373838FA08303900064630E9E0;encoding=hex 

Interworking procedures between the user-user information element and User-to-User header for the User-to-user 
signalling service 1 are defined in the following subsections. 

Editors Note: For 3GPP Release 8 the encoding of data should be described in more detail. 

Editors Note: For 3GPP Release 8 the interworking of the encoded data should be described in more detail. 

7.4.21 .1 .2 Incoming Call Intenworking from SIP to ISUP at l-MGCF 

On the receipt of the User-to-User Header if the encoding header field parameter of the User-to-User header set to hex 
the I-MGCF shall map the content of the "uuidata" header field to the "protocol discriminator" and "user information" 
parameters of the user-user information element. Mapping procedures for other encoding header field values are or 
further study. 

The "length of user-user contents" parameter shall be set by the I-MGCF according to the normal procedures. 

The I-MGCF maps the messages transporting the user-user information according to the normal interworking 
procedures. 
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Table 24ab Mapping of the User-to-User header to the ISUP user-to-user information parameter 



SIP parameter 


ISUP parameter 


Source SIP 
header field and 
component 


Source 
component 
value 


ISUP Parameter field 


Derived value of parameter field 


User-to-User 


uuidata 


User-to-User 


Protocol discriminator and User Information 



7.4.21 .1 .3 Outgoing Call Interworking from ISUP to SIP at O-MGCF 

On the receipt of the user-user informatioii element the O-MGCF shall map the protocol discriminator and user 
information parameters to the uuidata header field of the User-to-User header. 

The O-MGCF shall set the encoding header field parameter of the User-to-User header to the "hex" value 

The O-MGCF maps the messages transporting the user-user information according to the normal interworking 
procedures. 



Table 24ac Mapping of the ISUP user-to-user information parameter to the User-to-User header 



ISUP parameter 


SIP parameter 


ISUP Parameter 
field 


Source parameterfield 


Source SIP 
header field 

and 
component 


Derived value of 
parameter field 


User-to-User 


Protocol discriminator and User Information 


User-to-User 


uuidata 



7.4.21 .2 User-to-User Signalling (UUS) service 1 (explicit) 

The actions of the MGCF at the ISUP/BICC side are described in ITU-T Reconmiendation Q.737.1[42] under the 
clause "Interactions with other networks". 

7.4.21 .3 User-to-User Signalling (UUS) service 2 (implicit & explicit) 

The actions of the MGCF at the ISUP/BICC side are described in ITU-T Recommendation Q.737.1[42] under the 
clause "Interactions with other networks". 

7.4.21 .4 User-to-User Signalling (UUS) service 3 (implicit & explicit) 

The actions of the MGCF at the ISUP/BICC side are described in ITU-T Reconmiendation Q.737.1[42] under the 
clause "Interactions with other networks". 

7.4.22 Multiple Subscriber Number (MSN) 

A MSN call is a basic call and no additional treatment is required by the MGCF. 

7.4.23 Anonymous Call rejection 

This section describes the interworking of the ETSI ACR service as described ETSI EN 300 356-21 [71]. 

7.4.23.1 ISUP-SIP protocol interworking at the l-MGCF 

If ISUP Cause Value field in the ISUP REL includes Cause Value 24 "call rejected due to ACR supplementary service " 
the I-MGCF shall map this to a 433 (Anonymity Disallowed) as described in RFC 5079 [77]. 
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7.4.23.2 SIP-ISUP protocol interworking at the 0-MGCF 

If the response is a 433 (Anonymity Disallowed) response, then this response shall be mapped to the ISUP Cause Value 
field 24 "call rejected due to ACR supplementary service" in the ISUP REL. 

7.5 TISPAN Simulation Services 

The following sub-clauses describe the MGCF behaviour related to simulation services as defined in ETSI TISPAN 
Recommendations TS181 004 [60] - TS183 016. [68]. The support of the related procedures is optional. 

7.5.1 Originating Identification Presentation (OIP) and Originating 
Identification Restriction (01 R) 

The mapping of Originating Identification Presentation (OIP) and Originating Identification Restriction (OIR); 
simulation service with the CLIP/CLIR PSTN/ISDN Supplementary Service is the same mapping as described in Cause 
7.4.1. The Service itself is described within ETSI TS 183 007 [63] 

7.5.2 Terminating Identification Presentation (TIP) and Terminating 
Identification Restriction (TIR) 

7.5.2.1 General 

The protocol specification of the Terminating Identification Presentation and Terminating Identification Restriction 
services is described in TS 24.608 [64]. 

7.5.2.2 Interworking at the 0-MGCF 

For the mapping of lAM to the INVITE request: 

If an Optional forward call indicators parameter in the 1AM is received where the bit H Connected line identity request 
indicator is set to "requested", then the option tag "from-change" shall be add to the Supported header field. See table 
7.5.2.2.1. 



Table 7.5.2.2.1 : Mapping of ISUP lAM to SIP INVITE request 



ISUP Parameter 


Derived value of 
parameter field 


Source SIP header field 
and component 


Source Component 

value 


Optional forward call indicator 


Connected line identity 
request indicator is set to 
"requested" 


Supported 


"from-change" 



If a provisional or final response including the option tag "from-change" is received , then the O-MGCF shall: 

if a 200 (OK) response to the INVITE request is received, start timer Ttiri; and 

store the 200 (OK) response, without interworking it. 

Otherwise the 200 (OK) response (to the INVITE request) shall be mapped as described in subclause 7.2.3.2.7a. 

If an UPDATE request is received containing a changed From header field before the timer Txri expired, then the 
O-MGCF shall: 

- stop timer Ttiri ; 

- map the From header field received in the UPDATE request to the Generic number in the ANM as shown in 
table 7.5.2.2.2 and table 7.5.2.2.3; 

- if the UPDATE request includes a P-Asserted-Identity header field that is different from the one within the 
stored 200 (OK) response, the latest received P-Asserted-Identity header field shall be mapped to the cormected 
number as described table 24; and 



ETSI 



3GPP TS 29.163 version 8.5.0 Release 8 



108 



ETSI TS 129 163 V8.5.0 (2009-02) 



map the parameters needed to be mapped of the stored 200 (OK) response to an ANM as described in subclause 
7.4.2.2.3, modified by the changed mapping steps of the From and P-Asserted-Identity header fields. 

When Ttiri expires, then the stored 200 (OK) response (to the INVITE request) response shall be mapped as described 
in subclause 7.4.2.2.3. 



Table 7.5.2.2.2: Mapping of SIP UPDATE request to ISUP ANM/CON 



ANM/CON 


UPDATE 


Generic number 


From header field 



Table 7.5.2.2.3: Mapping of SIP From header field to ISUP Generic Number 
("additional connected number") parameter 



Source SIP header 
field and component 


Source 
component 
value 


Generic Number parameter 
field 


Derived value of parameter field 






Number Qualifier Indicator 


"additional connected numbei" 


From, userinfo 
component of URI 
assumed to be in form 
"+" CC + NDC + SN 


CC 


Nature of Address Indicator 


If CC is equal to the country code of the 
country where l-MGCF is located AND 
the next ISUP node is located in the 
same country, then set to "national 
(significant) number" else set to 
"international numbei" 






Number Incomplete Indicator 


"complete" 






Numbering Plan Indicator 


"ISDN (Telephony) numbering plan 
(Recommendation E.164)" 


Privacy, priv-value 
component 


Privacy header 
field absent 


Address Presentation 
Restricted Indicator (APRI) 


"presentation allowed' 


"none" 


"presentation allowed" 


"headei" 


"presentation restricted' 


"user" 


"presentation restricted' 






Screening Indicator 


"user provided, not verified' 


From, userinfo 
component assumed to 
be in form 

"+" CC + NDC + SN 


CC, NDC, SN 


Address Signals 


If NOA is "national (significant) numbei" 
then set to 
NDC + SN. 

If NOA is "international numbei" 
then set to CC + NDC + SN 



7.5.2.3 Interworking at the l-MGCF 

For the mapping of INVITE request to lAM: 

if an option tag "from-change" is included within the Supported header field of the received INVITE request, then 
the bit H Connected line identity request indicator of the Optional forward call indicators parameter in the lAM 
shall be set to "requested". 



Table 7.5.2.3.1 : Mapping of a SIP Supported header field of a SIP INVITE request 
to the ISUP Optional forward call indicator of a ISUP lAM 



Source SIP header field and 
component 


Source Component value 


ISUP Parameter 


Derived value of 
parameter field 


Supported 


"from-change" 


Optional fonward call indicator 


Connected line identity 
request indicator is set to 
"requested". 



If a received ISUP ANM includes a ISUP Generic Number ("additional connected number") parameter, then the 
I-MGCF shall send a 200 (OK) response (to the INVITE request) including a option tag "from-change" If the initial 
INVITE was received and the Supported header contains the "from-change" tag, the 200 (OK) response is followed by 
an UPDATE request, containing the "additional connected number" copied into the From header as shown in 
table 7.5.2.3.2. 
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The to header field of the UPDATE request is derived from the P-Asserted-Identity header field received within the 
initial INVITE request. 



Table 7.5.2.3.2: Mapping of ANiVI Generic Number ("additional connected number') 
to SIP From header field in a SIP UPDATErequest 



ISUP 
Parameter/field 


Value 


SIP component 


Value 


Generic Number 
Number Qualifier 

Indicator 


"additional connected 
number" 


From header field 


display-name (optional) and addr-spec 


Nature of Address 
Indicator 


"national (significant) 
number" 


Addr-spec 


Add "+" CC (of the country where the 
IWU is located) to Generic Number 

Address Signals then map to user 
portion of URI scheme used 


"international number" 


Map complete Generic Number Address 
Signals used prefixed with a "-i-" to user 
portion of URI scheme used 


Address 
Presentation 
restriction indicator 
(APRI) 


"presentation allowed' 




No Privacy header field or not "header" 
or not "user" 


"presentation restricted' 


"header" 


Address Signals 


if NOA is "national 
(significant) number" then 
the format of the address 
signals is: 
NDC + SN 

If NOA is "international 

number" 

then the format of the 
address signals is: 
CC + NDC + SN 


Display-name 
(optional) 


display-name shall be mapped from 
Address Signals, if network policy allows 
it 


Addr-spec 


CC NDC SN mapped to user portion 
of URI scheme used 



A received connected number in an ANM shall be mapped to the P-Asserted-Identity header field as shown in table 21 
of the UPDATE request. 

7.5.3 (void) 

7.5.4 Communication Diversion (CDIV) 



7.5.4.1 General 

The protocol specification of the Communication Diversion simulation service is described in 3GPP TS 24.604 [60]. 
The mapping of Communication Diversion simulation service with Call Diversion services PSTN/ISDN supplementary 
service including the mapping of the optional History-Info header field as defined in IETF RFC 4244 [91] is described. 

In case of interworking with networks which do not provide any notification of the communication diversion or 
communication redirection information (e.g. redirection counter) in the signalling system, the communication continues 
according to the basic call procedures. 

7.5.4.2 Interworking at the 0-MGCF 
7.5.4.2.1 General 

For the mapping of lAM to the INVITE request no additional procedures beyond the basic call and interworking 
procedures are needed. 

With regard to the backward messages the following mapping is valid. 
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Table 7.5.4.2.1.1 : Mapping of SIP messages to ISUP messages 



<-Message sent to ISUP 


<-Message Received from SIP 




ACM indicating call fon/varding 


181 (Call is Being Fonwarded) 
response 


See table 7.5.4.2.1.6 


CPG indicating call fon/varding 
(see NOTE) 


181 (Call Is Being Forwarded) 

response 


See table 7.5.4.2.1 .7 


ACM indicating ringing 


180 (Ringing) response 


See table 7.5.4.2.1.8 


CPG indicating Alerting (see NOTE) 


180 (Ringing) response 


See table 7.5.4.2.1.9 


ANM 


200 (OK) response 


See table 7.5.4.2.1.10 


CON 


200 (OK) response (Neither a 181 
(Call Is Being Fonwarded) response 
nor a 180 (Ringing) response was 

sent) 


See table 7.5.4.2.1.10 


NOTE: A CPG will be sent if an ACM was already send. 



Table 7.5.4.2.1.2: Mapping of History-Info header field to ISUP Redirection number 



Source SIP header field 
and component 


Source 
Component 
value 


Redirection number 


Derived value of parameter field 


hi-targeted-to-uri of the last 
History-Info header field 
entry containing a cause- 
param with cause value as 
listed in the cause-param 
row in table 7.5.4.2.1.4 
appropriate global number 
portion of the hi-targeted-to- 
uri, assumed to be in form 
"+" CC -1- NDC -1- SN. 


CC 


Nature of address indicator 


If CC is equal to the country code of the 
country where O-MGCF is located AND 
the next ISUP node is located in the 
same country, then set to "national 
(significant) number" else set to 
"international number". 


CC, NDC, SN 


Address signals 


If NOA is "national (significant) number" 
then set to 
NDC -1- SN. 

If NOA is "international number" 
then settoCC + NDC-i-SN. 


Table 7.5.4.2.1.3: Mapping of History-Info header field to ISUP Redirection number restriction 

indicator 


Source SIP header field 
and component 


Source 
Component 
value 


Redirection number 
restriction indicator 


Derived value of parameter field 


Privacy header field, 
priv-value component 


"history" 


Redirection number 
restriction indicator 


Presentation restricted 


Privacy 
header field 
absent 
or "none" 


Presentation allowed or absent 
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Table 7.5.4.2.1.4: Mapping of hi-targeted-to-uri to ISUP Call Diversion Information 



Source SIP header field 
and component 


Source Component 
value 


Call Diversion 
Information 


Derived value of parameter field 


Privacy header field, 
priv-value component 


"history" 


Notification 

subscription 

options 


If the priv-value "history" is set for the 
History-Info header field or to the hlst- 
Info element entries concerning the 

redirecting and diverted to uri then 
presentation not allowed shall be set 

If tho nri\/-\/si li lo "hictr^rv/" ic cot nnl\/ tr\ 
II lilt; pi IV vciiuc iiioiuiy lo ot;i uiiiy lu 

the hist-info element concerning the 
redirecting uri then presentation allowed 
without redirection number shall be set 


Privacy header field 

absent 
or "none" 


Presentation allowed with redirection 
number 


Cause Value in hi- 
targeted-to-uri; cause- 
param = "cause" EQUAL 
Status-Code 


Cause value 


Call diversion 
Information 


Redirecting Reason 


404 


Unknown 


302 


Unconditional 


486 


User busy 


408 


No reply 


480 


Deflection immediate 


503 


Mobile subscriber not reachable 


487 


Deflection during alerting 



Table 7.5.4.2.1.5: Mapping of hi-targeted-to-uri to ISUP Event Information 



Source SIP header field 
and component 


Source Component 
value 


Event 
Information 


Derived value of parameter field 






Event Indication 


Shall be set to ALERTING If mapped 
from a 180 (Ringing) 




Shall be set to PROGRESS if mapped 
from a 181 (Call Is Being Forwarded) 


Cause Value In hl-targeted- 
to-uri; cause-param = 
"cause" EQUAL 
Status-Code 


486 


Call fonwarded on busy (national use) 


408 


Call fonwarded on no reply (national 

use) 


302 


Call forwarded unconditional 
(national use) 



Table 7.5.4.2.1.6: Mapping of 181 (Call Is Being Forwarded) ACM 



Source SIP header field 
and component 


Source Component 
value 


ISUP Parameter 


Derived value of parameter 
field 


181 (Call Is Being 
Forwarded) 




ACM 








Generic notification 
Indicators 


Call is diverting 


History-Info header field 


See table 7.5.4.2.1.2 


Redirection number 


See table 7.5.4.2.1.2 


Priv-value 


See table 7.5.4.2.1.3 


Redirection number 
restriction indicator 


See table 7.5.4.2.1.3 


Priv-value 


See table 7.5.4.2.1.4 


Call diversion Information 

Notification subscription 
options 


See table 7.5.4.2.1.4 


hl-targeted-to-url 


Reason header 


Call diversion Information 


Redirecting Reason 
See table 7.5.4.2.1.4 
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Table 7.5.4.2.1.7: Mapping of 181 (Call Is Being Forwarded)^ CPG if ACM was already sent 



Source SIP header field 

on/I f^mmnnnAnt 

anu coinpuneiii 


Source Component 
value 


ISUP Parameter 


Derived value of parameter 


ioi [L/B.\\ IS DGing 
Forwarded) response 












vjeneric noTiTicaiion 
indicators 


L>aM IS oiverting 


Cause Value in hi-targeted- 
TO-un, Cause-param = 
"cause" EQUAL 
Status-Code 


486 


Event indicator 


CFB (national use) 


4Uo (see NU 1 b) 


CFNR (national use) 


302 


CFU (national use) 




PROGRESS 


History-Info header field 


See table 7.5.4.2.1.2 


Redirection number 


See table 7.5.4.2.1.2 


Priv-value 


See table 7.5.4.2.1.3 


Redirection number 
restriction indicator 


See table 7.5.4.2.1.3 


Priv-value 


See table 7.5.4.2.1.4 


Call diversion information 
Notification subscription 

options 


See table 7.5.4.2.1.4 


Cause Value in lii-targeted- 
to-uri; cause-param = 
"cause" EQUAL 
Status-Code 


See table 7.5.4.2.1.4 


Call diversion information 
Redirecting Reason 


See table 7.5.4.2.1.4 


NOTE: This appears in the cases of CFNR. 


Table 7.5.4.2.1.8: Mapping of 180 (Ringing) ^ ACM if no 181 (Call Is Being Forwarded) 

was received before 


Source SIP header field 
and component 


Source Component 
value 


ISUP Parameter 


Derived value of parameter 
field 


180 (Ringing) response 




ACM 




History-Info header field 


If hi-index indicate that 
there is a call 
forwarding. 


Generic notification 
indicators 


Call is diverting 


History-Info header field 


See table 7.5.4.2.1.2 


Redirection number 


See table 7.5.4.2.1.2 


Priv-value 


See table 7.5.4.2.1.3 


Redirection number 
restriction indicator 


See table 7.5.4.2.1.3 


Priv-value 


See table 7.5.4.2.1.4 


Call diversion information 
Notification subscription 

options 


See table 7.5.4.2.1.4 


Cause Value in hi-targeted- 
to-uri; cause-param = 
"cause" EQUAL 
Status-Code 


See table 7.5.4.2.1.4 


Call diversion information 
Redirecting Reason 


See table 7.5.4.2.1.4 



The mapping described within table 7.5.4.2.1.1 can only appear if the communication has already undergone a Call 
Forwarding in the ISDN/PSTN and the 180 is the first provisional response sent in backward direction. 

The IWU can indicate the call diversion in the mapping of 180 (Ringing) to CPG in fact if the response before was 
a 181. 
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Table 7.5.4.2.1.9: Mapping of 180 (Ringing) CPG if a 181 (Call Is Being Forwarded) 

was received before 



Source SIP header field 
and component 


Source Component 
value 


ISUP Parameter 


Derived value of parameter 
field 


180 (Ringing) response 




CPG 








Generic notification 
indicators 


Call is diverting 


History-info header field 




Event indicator 


ALERTING 


History-info iieader field 


See table 7.5.4.2.1 .2 


Redirection number 


See table 7.5.4.2.1 .2 


Priv-vaiue 


See table 7.5.4.2.1.3 


Redirection number 

restriction indicator 


See table 7.5.4.2.1.3 


Priv-value 


See table 7.5.4.2.1.4 


Call diversion information 
Notification subscription 
options 


See table 7.5.4.2.1.4 


Cause Value in hi-targeted- 

to-uri; cause-param = 
"cause" EQUAL 
Status-Code 


See table 7.5.4.2.1.4 


Call diversion information 
Redirecting Reason 


See table 7.5.4.2.1.4 



The mapping in table 7.5.4.1.1.1 appears when already a 181 was mapped to a 180. Therefore the state machine of the 
MGCF knows that a CDIV is in Progress. 



Table 7.5.4.1.1.1.10: Mapping of 200 (OK) response 



Source SIP header field 
and component 


Source Component 
value 


ISUP Parameter 


Derived value of parameter 
field 


200 (OK) response 




ANM/CON 




History-Info header field 


See table 7.5.4.2.1.2 


Redirection number 


See table 7.5.4.2.1.2 


Priv-value 


See table 7.5.4.2.1.3 


Redirection number 
restriction indicator 


See table 7.5.4.2.1.3 



7.5.4.2.2 Call forwarding within the ISUP Network appeared 

The following scenario shows if a Call Forwarding appears in the ISUP/PSTN and the redirected Number is within the 
SIP network. Table 7.5.4.2.2.1 should be seen as an example. 

For the mapping of 180 (Ringing) response and 200 (OK) response to the regarding ISUP messages and parameters no 
additional procedures beyond the basic call procedures are needed. 

To interwork the redirection number at the O-MGCF it is needed to create placeholder History entries. Such a History 
entry has to provide a hi-targeted-to-uri with a placeholder value "unknown@unknown.invalid" a cause-param and a hi- 
index as described within table 7.5.4.2.2.1. 



Table 7.5.4.2.2.1 : Mapping of lAM with SIP INVITE request 



ISUP Parameter or IE 


Derived value of 
parameter field 


SIP component 


Value 


lAM 




INVITE request 




Redirecting number 




History-Info header field 


hi-targeted-to-uri of the 2"'^ 
last Index entry IF more than 
2 Index entries are Included 
ELSE no mapping 


Nature of address indicator: 


"national (significant) 
number" 


hi-targeted-to-uri 


Add CC (of the country where 
the MGCF is located) to 
Generic Number Address 
Signals then map to user 
portion of URI scheme used. 
Addr-spec 

"+" CC NDC SN mapped to 
user portion of URI scheme 
used 
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ISUP Parameter or IE 


Derived value of 
parameter field 


SIP component 


Value 




"international number" 




Map complete Redirection 
number Address Signals to 
user portion of URI scheme 
used. 


Address Signals 


If NOA is "national 

(significant) number" 
then the format of the 
Address Signals is: 
NDC + SN 

If NOA is "international 
number" 

then the format of the 
Address Signals is: 
GG + NDG + bN 


hi-targeted-to-uri 


"+" CC NDC SN mapped to 
userinfo portion of URI 
scheme used 


Redirecting number 


APRI 


Privacy header field that 
corresponds to the 2nd last 
hi-targeted-to-uri entry in the 
History-Info header 


Priv-value 


"presentation 
restricted" 


"history" 


"presentation allowed" 


Privacy header field absent 

or "none" 


Redirection Information 


Redirection indicator 


Privacy header field that 
corresponds to the 2nd last 
hi-targeted-to-uri entry of the 
most restricted entry in the 
History-Info header 


Priv-value 


Call diverted 


"none" 


Call diverted, all 

redirection info 
presentation restricted 


"history" 


Redirection Information 


Redirection counter 
1 


hi-index 


Number of diversions are 
sown due to the number of 
hi-index Entries 
Index for original called Party 
Number = 1 

Address Signals (CdPN) 
Number = 1.1 


2 


Index for original called Party 
Number = 1 

Index for Redirecting number 
with Index =1.1 
Address Signals (CdPN) 
Number =1.1.1 


N 


Index for original called Party 
Number = 1 

Placeholder History entry with 
Index = 1 .1 

Fill up 

Index for Redirecting Number 
with = 1+[(N-1)*".1"] 
Index for Address Signals 
(CdPN) 

= 1+N* ".1" (e.g. N=3 
1.1.1.1) 


Redirection Information 


Redirecting Reason 
and 

Original Redirection 
Reason 

(NOTE 1) 


Cause Value in hi-targeted- 
to-uri; cause-param = 
"cause" EQUAL Status- 
Code 

For a placeholder History 
entry the value "404" shall 
be taken 


Cause value 


unknown 


404 


unconditional 


302 


User Busy 


486 


No reply 


408 


Deflection during 
alerting 


487 


Deflection immediate 
response 


480 
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ISUP Parameter or IE 


Derived value of 
parameter field 


SIP component 


Value 




Mobile subscriber not 
reachable 




503 


Called Party Number 


See Redirecting 
number 


History-Info header field see 
hi-targeted-to-uri 


URI of the last hi-targeted-to- 
uri entry of History-Info 
header field 


Original Called Party 
Number 


See Redirecting 
number 


History-Info header field see 
hi-targeted-to-uri 


URI of first hi-targeted-to-uri 
entry of History-Info header 
field 


Original Called Party 
Number 


APR! 


Privacy header field of the 
first hi-targeted-to-uri entry 
of History-Info header 


Priv-value 


"presentation 

restricted" 


"histor/ 


"presentation allowed" 


"none" 


NOTE 1 : Original Redirection Reason contains only the "unknown" parameter 



7.5.4.3 Interworking at the l-MGCF 

Table 7.5.4.3.1 : Mapping of SIP to ISUP messages 

^Message received from SIP ^Message send to BiCC/ISUP 

INVITE request I AM 



Table 7.5.4.3.2: Mapping of History-Info header field to ISUP Redirecting number 



Source SIP header field 
and component 


Source 
Component 
value 


Redirecting number 


Derived value of parameter field 


2nd latest History-Info 
header field entry 
containing a cause-param 
with cause value as listed in 
the 

cause-param row in 
table 7.5.4.3.3 




Redirecting number 




hi-targeted-to-uri 
appropriate global number 
portion of the URI, 
assumed to be in form 
"-I-" CC + NDC + SN 


CC 


Nature of address indicator 


If CC is equal to the country code of the 
country where MGCF is located AND 
the next ISUP node is located in the 
same country, then set to "national 
(significant) number" else set to 
"international number" 


CC, NDC, SN 


Address signals 


If NOA is "national (significant) number" 
then set to 
NDC -1- SN. 

If NOA is "international number" 
then set to CC + NDC + SN 


Privacy header field, 
priv-value component 
in History-Info header field 
of the 2nd latest Entry 
containing a cause-param 
with cause value as listed in 
the cause-param row in 
table 7.5.4.3.3 


"history" 


APRI 


"presentation restricted" 


Privacy 
header field 
absent or 
"none" 


"presentation allowed" 


NOTE: It is possible that an entry of the History-Info header field itself is marked as restricted or the whole 
History-Info header. 
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Table 7.5.4.3.3: Mapping of History header to ISUP Redirection Information 



Source SIP header field 
and component 


Source Component 
value 


Redirection 
Information 


Derived value of parameter field 


Privacy header field, 
priv-value component of the 
History In History-info 
header field of the last two 
History-Info Entries 
containing a cause-param 
with cause value as listed in 
the cause-param row in this 
table or as header itself 
(see NOTE) 


"history" 

for the whole History- 
info header or for the 
last two hi-targeted-to- 
uri entries 


Redirection 
indicator 


Call diverted, all redirection Info 
presentation restricted 


Privacy header field 

absent 

or 

none 


Call diverted 






Original 

redirection 

reasons 


unKnown 


wctUbc VdlUc III III lalLJclcU 

to-uri; cause-param = 
"cause" EQUAL 
Status-Code 


WdUoC VCllLJC 


ncUlI CLfUUI 1 

reason 




404 


Unknown/not available 


302 


Unconditional 


486 


User busy 


408 


No reply 


480 


Deflection immediate response 


487 


Deflection during alerting 


503 


IVIobile subscriber not reachable 


NOTE: in History-info header field of the 2"^ latest 


Entry containing a CDIV cause-param. 



Table 7.5.4.3.4: lUlapping of History-Info header field to ISUP Original Called number 



Source SIP header field 
and component 


Source 
Component 
value 


Original called number 


Derived value of parameter field 






Numbering Plan Indicator 


"ISDN (Telephony) numbering plan 
(Recommendation E.164)" 


hi-targeted-to-uri of 1^* 
History-Info header field 

entry; 

appropriate global number 
portion of the URI, 
assumed to be in form 
"+" CC -1- NDC + SN 


CC 


Nature of address indicator 


If CC is equal to the country code of the 
country where MGCF is located AND 
the next ISUP node is located in the 

same country, then set to "national 
(significant) number" else set to 
"international number" 


CC, NDC, SN 


Address signals 


If NOA is "national (significant) number" 

then set to 

NDC-i-SN. 

If NOA is "international number" 
then set to CC -i- NDC + SN 
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Table 7.5.4.3.5: Mapping of INVITE to lAM 



INVITE 




lAM 




History-Info header 
field 


See table 7.5.4.3.2 


Redirecting 
number 


See table 7.5.4.3.2 


History-Info header 
field 


See table 7.5.4.3.3 


Redirection 
Information 


See table 7.5.4.3.3 


hi-index 


Index number for Redirecting number 


Redirection 
Information 


Redirection counter = number 
of History entries containing a 
CdUse-paidnn wim cause vaiue 

do llbLeU III Llie OdUbc pdldill 

row in this table. 


OdUbc pd.rd.ill 


OailCA woliiA 
wdUot; ValUc 


ticUllcOllUll 






404 


Information 


Unknown/not available 




302 




Unconditional 




486 




User busy 




408 




No reply 




480 




Deflection immediate response 




487 




Deflection during alerting 




503 




Mobile subscriber not reachable 


IF" History-Info 
header field is 
available" 
THEN "use 
first hi-targeted-to-uri 
entry of History-Info 
header field 
containing a 
cause-param with 
cause value as listed 
in the cause-param 
row in this table." 
ELSE "use To header 
field" 


Redirecting number 
<sip:oCdPN@hostportion> hi-index=x 


Original Called 
Party Number 


See Redirecting number 


Privacy header field, 
of the first hi-index 
entry of History-Info 
header field or as 
header itself 
(the whole History- 
Info 

header may be 
marked as 
restricted) 


Priv-value 


Original Called 
Party Number 


APRI 




"session", "header", or "history" 




"presentation restricted" 




Privacy header field absent or "none" 




"presentation allowed" 



Table 7.5.4.3.6: Mapping of ISUP to SIP Messages 



<-Message sent to SIP 


<-Message Received from BICC/ISUP 




181 (Being forwarded) 


ACM no indication with Redirection number 
and call diversion information (CFU, CFB, 
CDi) 


See table 7.5.4.3.8 


180 (Ringing) 


ACM indicating ringing, oBCi: Call diversion 
may occur (CFNR, GDa) 


See subclause 7.2.3.1 .4 


1 81 (Being forwarded) 


CPG indicating progress or subsequent 
diversion indicated in the ORG with 
Redirection number and call diversion 
information (CFNR, CDa) 


See table 7.5.4.3.9 


180 (Ringing) 


CPG indicating ringing and Redirection 
number restriction parameter 


See table 7.5.4.3.10 


200 (OK) 


ANM and Redirection number restriction 
parameter 


See table 7.5.4.3.11 
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In the ISUP destination exchange of the diverted-to user only the Redirection Number Restriction indicator parameter 
shall be included into the ACM, CPG, ANM or CON message. Therefore only the mapping of this parameter is shown 
in the following table. 



Table 7.5.4.3.7: Mapping of ISUP Redirection Number 
Restriction Parameter to IHistory-lnfo header field 



ISUP Parameter 


Derived value of 
parameter field 


SIP component 


Value 


Redirection number 
restriction indicator 








presentation restricted 




"History" and "id" 


Presentation allowed or 
absent AND a previous 
received notification 
subscription option was 
NOT "presentation not 
allowed" OR was NOT 
"presentation allowed 
witliout redirection 
number" 




Privacy lieader field absent 
or 

"none" 



A received CPG shall be mapped t a 180 (Ringing) response if the CPC indicates a Alerting is due to the mapping ruled 
defined within the basic call. 
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Table 7.5.4.3.8: Mapping of ACM ^181 (Call Is Being Forwarded) response 



ISUP Parameter 


Derived vaiue of 
parameter fieid 


SIP component 


Value 


Generic notification 
indicators 


Call is diverting 






Redirection number 




History-Info header field 


hl-targeted-to-uri: 


Nature of address indicator: 


"national (significant) 
number" 


hi-targeted-to-uri 


Add CC (of the country where 
the MGCF is located) to 
Redirection number Address 
Signals then map to user 
portion of URI scheme used. 
Addr-spec 

"+" CC NDC SN mapped to 
user portion of URI scheme 

used 

according to the rules of 
clause 3GPP TS 24.604 [60] 
subclause 4.5.2.6.4 c 




"international number" 




Map complete Redirection 
number Address Signals to 
user portion of URI scheme 
used 

according to the rules of 
3GPP TS 24.604 [60] 
subclause 4.5.2.6.4 c 


Address Signals 


If NOA is "national 
(significant) number" 
then the format of the 
Address Signals Is: 
NDC + SN 

If NOA IS international 
number" 

then the format of the 
Address Signals is: 
CC + NDC + SN 


hi-targeted-to-uri 


"+" CC NDC SN mapped to 
userlnfo portion of URI 
scheme used 


Call diversion information 


rieoireciing neason 


cause-param 


v_>ause value 


Unknown/not available 


404 


Unconditional 




User busy 


486 


No reply 


408 


Deflection Immediate 
response 


480 


Deflection during 
alerting 


487 


Mobile subscriber not 
reachable 


503 


Notification 
subscription option 


Privacy 


Roles 


unknown 


Escaped Privacy value Is set 
according to the rules of 
3GPP TS 24.604 [60] 
subclause 4.5.2.6.4 c 


presentation not 
allowed 


A 181 Being Forwarded shall 
not be sent 


presentation allowed 
with redirection number 


Escaped Privacy value Is set 
according to the rules of 
3GPP TS 24.604 [60] 
subclause 4.5.2.6.4 c 


presentation allowed 
without redirection 
number 


Escaped Privacy value is set 
according to the rules of 
3GPP TS 24.604 [60] 
subclause 4.5.2.6.4 c 
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Table 7.5.4.3.9: Mapping of CPG ^181 (Call Is Being Forwarded) response 



ISUP Parameter 


Derived value of 
parameter field 


SIP component 


Value 


Event Indicator 


Progress 






Generic notification 
indicators 


Call is diverting 






Redirection number 




History-Info header field 


hi-targeted-to-uri: 


Nature of address indicator 


"national (significant) 
number" 


hi-targeted-to-uri 


Add CC (of the country where 
the MGCF is located) to 
Redirection number Address 
Signals then map to user 
portion of URI scheme used. 
Addr-spec 

"+" CC NDC SN mapped to 
user portion of URI scheme 
used 

according to the rules of 
3GPP TS 24.604 [60] 
subclause 4.5.2.8.4 c 




"international number" 


hi-targeted-to-uri 


Map complete Redirection 
number Address Signals to 
user portion of URI scheme 
used 

according to the rules of 
3GPP TS 24.604 [60] 
subclause 4.5.2.6.4 c 


Address Signals 


If NOA is "national 
(significant) number" 
then tfie format of tfie 
Address Signals is: 
NDC + SN 

It NOA IS international 

number" 

then the format of the 
Address Signals isi 
CC + NDC + SN 


hi-targeted-to-uri 


"+" CC NDC SN mapped to 
userinfo portion of URI 
scheme used 


Call diversion information 


Redirecting Reason 


cause-param 


Cause value 


Unl<nown/not available 


404 


Unconditional 




User busy 


486 


No reply 


408 


Deflection immediate 
response 


480 


Deflection during 
alerting 


487 


Mobile subscriber not 
reachable 


503 


Notification 
subscription option 


Privacy 


Roles 


unknown 


Escaped Privacy value is set 
according to the rules of 
3GPP TS 24.604 [60] 
subclause 4.5.2.6.4 c 


presentation not 
allowed 


A 181 Being Forwarded shall 
not be sent 


presentation allowed 
with redirection number 


Escaped Privacy value is set 
according to the rules of 
3GPP TS 24.604 [60] 
subclause 4.5.2.6.4 c 


presentation allowed 
without redirection 
number 


Escaped Privacy value is set 
according to the rules of 
3GPP TS 24.604 [60] 
subclause 4.5.2.6.4 c 
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Table 7.5.4.3.10: Mapping of CPG ^180 (Ringing) response 



ISUP Parameter 


Derived value of 
parameter field 


SIP component 


Value 


Event Indicator 


Alerting 






Redirection number 
restriction indicator 




History-Info header field 


hi-targeted-to-uri: 




Presentation allowed 




No Privacy header field 
escaped according to the 
rules of 3GPP TS 24.604 [60] 
subclause 4.5.2.6.4 c 


Presentation restricted 


Escaped Privacy value is set 
according to the rules of 
3GPP TS 24.604 [60] 
subclause 4.5.2.6.4 c 






cause-param 


Value stored from a previous 
received ACM or CPG. See 
table 7.5.4.3.8 


Table 7.5.4.3.11 : lUlapping of ANM 200 (OK) response (to INVITE request) 


ISUP Parameter 


Derived value of 
parameter field 


SIP component 


Value 


Redirection number 




History-Info header field 


See table 7.5.4.3.8 






cause-param 


cause value= as stored for 
the ACM 


Redirection number 
restriction indicator 






See table 7.5.4.3.7 



7.5.5 Communication Hold (HOLD) 

The mapping of Communication Hold simulation service with Call Hold PSTN/ISDN Supplementary Service is the 
same mapping as described in Cause 7.4.10. The Service itself is described within ETSI TS 183 010 [65] 

7.5.6 Conference call (CONF) 



7.5.6.1 General 

The protocol description of the the CONF service is described in 3GPP TS 24.605 [61]. In this clause the interworking 
from the conference event package RFC 4575 [100] to the messages of the PSTN/ISDN CONF supplementary service 
is described. Note that an interworking from the PSTN/ISDN to the IMS is out of scope. 

7.5.6.2 Subscribing for the conference event pacl<age 

Based on local policy, the MGCF may subscribe for the conference event package on behalf of the PSTN/ISDN 
participant after the participant joins or is added to a conference. 

When the conference event package option is implemented, and one of the following events occurs at the MGCF: 

- a 200 (OK) response is received as a response to an initial INVITE request originated by the MGCF, where the 
Contact header field contains an "isfocus" parameter; or 

an ACK message is received which acknowledges a 200 (OK) response to the initial INVITE request, and the 
initial INVITE request is originated by the conferencing AS and contains an "isfocus" parameter in the Contact 
header field; 
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then the following steps shall be performed: 

1) a SUBSCRIBE request shall be created according to RFC 4575 [100]; 

2) the Request URI is set to the Contact address of the conferencing AS; 

3) the P-Asserted-Identity header field, the From header field and the Privacy header field are set with the same 
value as: 

the P-Asserted-Identity header field, the From header field and the Privacy header field in the initial ESTVITE 
request originated by the MGCF; or 

the P-Asserted-Identity header field, the To header field and the Privacy header field in a Ixx or 2xx response 
sent by the MGCF to the initial INVITE request from the conferencing AS. 

7.5.6.3 Interworking the notification 

NOTE: There is a need to differentiate between the procedures of interworking for a full and a partial type of 
notification. 

When a full type of notification is received a check is made of the content. If the changes with respect a previous 
version of the notification have not been sent on to the PSTN/ISDN for this session, the MGCF shall perform an ISUP 
interaction towards the PSTN/ISDN. If the changes with respect a previous version of the notification have been sent to 
the PSTN/ISDN for this session, the MGCF shall not perform an ISUP interaction towards the PSTN/ISDN. 

When a partial notification is received then it is assumed that a value of a received notification has changed, so the 
MGCF performs an ISUP interaction towards the PSTN/ISDN, as follows: 

- Conference established: 

Upon the receipt of a conference information document with the <conference-state-type> element active is set to 
"true", the MGCF shall send a CPG message to the PSTN/ISDN with a notification "conference established". 

- Participant added: 

Upon the receipt of a conference information document with the <endpoint-type> and the element status of 
endpoint-status-type is set to "connected" and it was not set to "on-hold" before and the Contact URI in the 
element entity is not the address of the served PSTN/ISDN participant, the MGCF shall send a CPG message to 
the PSTN/ISDN with a notification "other party added". 

- Served PSTN/ISDN participant isolated: 

Upon the receipt of a conference information document with the <endpoint-type> and the element status of 
endpoint-status-type is set to "on-hold" and it was set to "connected" before and the Contact URI in the element 
entity is the address of the served PSTN/ISDN participant, the MGCF shall send a CPG message to the 
PSTN/ISDN with a notification "isolated". 

- Other participant isolated: 

Upon the receipt of a conference information document with the <endpoint-type> and the element status of 
endpoint-status-type is set to "on-hold" and it was set to "connected" before and the Contact URI in the element 
entity is not the address of the served PSTN/ISDN participant, the MGCF shall send a CPG message to the 
PSTN/ISDN with a notification "other party isolated". 

- Served PSTN/ISDN participant reattached: 

Upon the receipt of a conference information document with the <endpoint-type> and the element status of 
endpoint-status-type is set to "connected" and it was set to "on-hold" before and the Contact URI in the element 
entity is the address of the served PSTN/ISDN participant, the MGCF shall send a CPG message to the 
PSTN/ISDN with a notification "reattached". 

Other participant reattached: 

Upon the receipt of a conference information document with the <endpoint-type> and the element status of 
endpoint-status-type is set to "connected" and it was set to "on-hold" before and the Contact URI in the element 
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entity is not the address of the served PSTN/ISDN participant, the MGCF shall send a CPG message to the 
PSTN/ISDN with a notification "other party reattached". 

Other party disconnected: 

Upon the receipt of a conference information document with the <endpoint-type> and the element status of 
endpoint-status-type is set to "disconnected" and the element joining-method of joining-type is not set to "focus- 
owner", the MGCF shall send a CPG message to the PSTN/ISDN with a notification "other party disconnected" . 



7.5.7 Anonymous Communication Rejection (ACR) and Communication 
Barring (CB) 

The mapping of Anonymus Communication Rejection and Communication Barring simulation service with Anonymus 
Call Rejection PSTN/ISDN Supplementary Service is described in Clause 7.4.23. The service itself is described within 
ETSITS 183 011 [67] 

7.5.8 IVIessage Waiting Indication (MWI) 

The mapping of Message Waiting Indication simulation service with the Message Waiting Indication PSTN/ISDN 
Supplementary Service is described within ETSI TS 183 006 [62] 

7.5.9 Malicious Communication Identification (MCID) 
7.5.9.1 Interworking at the 0-MGCF 

If the MGCF supports the interworking of the MCID service the O-MGCF shall map the Identification Request (IDR) 
and Identification response (IRS) to a SIP message in accordance with table 7.5.9.1.1 

Table 7.5.9.1.1 Mapping of the ISUP IDR and IRS to a SIP message 



ISUP Message 


SIP Message 


IDR 


INFO containing a XML moid body 
with IVICID XML Request schema 


IRS 


INFO containing a XML moid body 
with MCID XML Response schema 



7.5.9.1 .1 Interworking of the MCID XML Request schema with the ISUP MCID request 

indicators 

If the MGCF supports the interworking of the MCID service O-MGCF shall map the codes in in the MCID request 
indicator and holding indicator parameter field to the following XML elements as specified in TS 24.516 [102] and in 
accordance with Table 7.5.9.1.1.1. 

Table 7.5.9.1.1.1 Mapping of the ISUP MOID request and holding indicator to the XML element. 



ISUP Parameter 


XML Element 


bit A: 


MCID request indicator 


McidRequestlndicato 





MCID not requested 


type=0 


1 


MCID requested 


type=1 








bit B: 


Holding indicator (national use) 


Holdinglndicator 





holding not requested 


type=0 


1 


holding requested 


type=1 
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7.5.9.1 .2 Interworking of the ISUP MCID response indicators witli tine MCID XML 

Response schema 

If the MGCF supports the interworking of the MCID service the O-MGCF shall map the codes in the MCID response 
indicator and hold provided indicator parameter field to the following XML elements in accordance with Table 
7.5.9.1.2.1 

Table 7.5.9.1.2.1 Mapping of the ISUP MCID response and hold provided indicator to the XML element 



ISUP Parameter 


XML Element 


bit A: 


IVICID response indicator 


McidResponselndicator 





MCID not included 


type=0 


1 


MCID included 


type=1 








bit B: 


Hold provided indicator (national use) 


HoldingProvidedlndicator 





holding not provided 


type=0 


1 


holding provided 


type=1 



7.5.9.2 Interworking at the l-MGCF 

Not appUcable. 

7.5.10 Closed User Goup (CUG) simulation service 
7.5.10.1 Intenworking at the l-MGCF 

If the I-MGCF supports the interworking of CUG simulation service, the I-MGCF shall map between the SIP and ISUP 
messages in accordance with table 7.5.10.1.1. 



Table 7.5.10.1.1: Mapping of SIP messages to ISUP messages 



SIP Message 


ISUP Message 


INVITE request containing a XML CUG body with CUG 
XML schema 


MM containing the Closed user group interlock code 
Parameter and the closed user group call indicator oi the 
Optional Forward Call Indicator Parameter 



If the MGCF supports the interworking of CUG simulation service, the O-MGCF shall interwork the CUG XML 
schema as defined in 3GPP TS 24.454 [101] with the ISUP Closed user group interlock code parameter and the Closed 
user group call indicator of the optional forward call indicator parameter in accordance with tables 7.5.10.1.2 and table 
7.5.10.1.3. 



Table 7.5.10.1.2: Mapping of the SIP XML CUG Element to the ISUP closed usergroup Interlock code 

parameter 



CUG XML Element 


derived value of parameter 
field 


ISUP Closed user group 
interlock code Parameter 


Source component value 


Networkldenticator 


networkldentityType = 4 Digit 
decimal value 


"Network Identity" 


Octet 1 & Octet 2 including 
4 binary coded digits 
deviated from XML 
Network Identity in decimal 
format 


CUGInterlockBinaryCode 


sixteenbitType = 1 6 bit coded 
value 


"Binary Code" 


Octet 3 & Octet 4 including 
a 1 6 bit Binary Code 
deviated from the XML 
Binary Code 
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Table 7.5.10.1.3 Mapping of thie SIP XML CUG Element to the ISUP closed user group call indicator 
included in f/7e optional Forward Call Indicator Parameter 



CUG XML Element 


derived value of parameter 
field 


ISUP "Optional Forward Call 
Indicator" Parameter 


Source component value 


cugCommunicationlndicator 


Type=00 


"closed user group calf 
indicator 


non-CUG call 




Type=01 


spare 




Type=10 


closed user group call, 
outgoing access allowed 




Type=1 1 


closed user group call, 
outgoing access not 
allowed 



If the I-MGCF supports the interworking of CUG simulation service, then if an INVITE request with the MIME 
including a cug XML element is received and the terminating network is not supporting CUG, the I-MGCF shall behave 
as shown in table 7.5.10.1.4. 



Table 7.5.10.1.4: Action at the I-MGCF with a PSTN/ISDN network without CUG capability 



cugCommunicationlndicator in INVITE request 


Action at the I-MGCF 


Type=1 1 (CUG without outgoing access) 


Release the communication with 403 


Type=10 (CUG with outgoing access) 


Treat the communication as an ordinary call (NOTE) 


Non-CUG 


Treat the communication as an ordinary call 


NOTE: The cugCommunicationlndicator shall not be mapped if appropriate or include the CUG call indicator of the 
optional fonward call indicator to non-CUG call. 



7.5.1 0.2 Interworking at the 0-MGCF 

If the MGCF supports the interworking of CUG simulation service, the I-MGCF shall map between the SIP and ISUP 
messages in accordance with table 7.5.10.2.1 

Table 7.5.10.2.1 Mapping of ISUP messages to SIP messages 



ISUP Message 


SIP Message 


lAM containing the Closed user group interlock code 
Parameter and the closed user group call indicator of 
the Optional Forward Call Indicator Parameter 


INVITE request containing a XML CUG body with CUG 

XML schema 



If the MGCF supports the interworking of CUG simulation service, the MGCF shall linterwork the CUG XML schema 
with the ISUP Closed user group interlock code parameter and the Closed user group call indicator of the optional 
forward call indicator parameter in accordance with tables 7.5.10.2.2 and table 7.5.10.2.3. 



Table 7.5.10.2.2 Mapping of the ISUP closed usergroup interloccode to SIP XML CUG element 



ISUP Closed user group 
interlock code Parameter 


Source component value 


CUG XML Element 


derived value of 
parameter field 


"Network Identity" 


Octet 1 & Octet 2 including 4 
binary coded digits 


Networkldenticator 


networkldentityType = 4 
Digit decimal value 
deviated from Network 
Identity 


"Binary Code" 


Octet 3 & Octet 4 including a 16 
bit Binary Code 


CUGInterlockBinaryCode 


sixteenbitType = 1 6 bit 

coded value deviated 
from Binary Code 
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Table 7.5.10.2.3: Mapping of the ISUP Closed user group call indicator to SIP XML CUG element 



ISUP Optional Forward Call 
Indicator Parameter 


Source component value 


CUG XML Element 


derived value of 
parameter field 


closed user group call indicator 


non-CUG call 


cugCommunicationlndicator 


Type=00 


spare 


Type=01 


closed user group call, outgoing 
access allowed 


Type=10 


closed user group call, outgoing 
access not allowed 


Type=1 1 



If the MGCF supports the interworking of CUG simulation service, but the IMS is not supporting CUG the procedures 
described in ITU Q. 735.1 [42] shall apply if an INVITE request with the MIME including a cug XML element is 
received and the O-MGCF supports CUG simulation supplementary service. 

7.5.1 1 CCBS/CCNR simulation services 

7.5.1 1 .1 Interworking at the l-MGCF 

If the I-MGCF supports the interworking of CCBS/CCNR simulation services, the I-MGCF shall map between the SIP 
and ISUP messages in accordance with table 7.5.11.1.1. 



Table 7.5.11.1.1 : Mapping of SIP messages to ISUP messages 



SIP lUlessage 


Parameter 


ISUP Message 


Parameter 


180 Ringing 


Call-Info header field 

with purpose 
parameter set to "call- 
completion" 
(NOTE 1) 


ACM 


CCNR possible indicator 
set to "CCNR possible" 
(NOTE 2) 


183 Session progress 


Call-Info header field 
with purpose 
parameter set to "call- 
completion" 
(NOTE 1) 


CFG 


CCNR possible indicator 
set to "CCNR possible" 
(NOTE 2) 


486 Busy here 


Call-Info header field 
with purpose 
parameter set to "call- 
completion" 
(NOTE 1) 


Release 


Cause Indicator 
cause #1 7 or #34 with 
Diagnostic (CCBS 
indicator set to "CCBS 
possible") 
(NOTE 3) 


INVITE 


Request URI contains 
m-parameter 
(NOTE 1) 


lAM 


cess parameter set to 
"CCSS call" 
(NOTE 2) 


NOTE 1 : The coding shall be in accordance with draft-ietf-bliss-call-completion [1 06]. 
NOTE 2: The coding shall be in accordance with ITU-T recommendation 0. 763 [4]. 
NOTE 3: The coding shall be in accordance with ITU-T recommendation 0. 850 [38]. 



If the I-MGCF supports the interworking of CCBS/CCNR simulation services, the I-MGCF shall map between the SIP 
and TCAP messages in accordance with table 7.5.11.1.2. 
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Table 7.5.11.1.2: Mapping of SIP messages to TCAP messages 



SIP Message 


Parameter 


TCAP Message 


Parameter 


SUBSCRIBE with m- 
parameter in Request URI set 

to 'BS' 
(NOTE 1) 


SipURL in To header 


TC Begin CCBS REQUEST 
(invoke) 


CalledPartyNumber 


SipURL in From 
header 


Calling PartyNumber 




RetainSupported 
fNOTE 3) 


SUBSCRIBE witli m- 
parameter in Request URI set 

to 'NR' 
(NOTE 1) 


SipURL in To header 


TC-Begin CCNR REQUEST 
(invoke) 


CalledPartyNumber 


SipURL in From 
header 


CallingPartyNumber 




RetainSupported 
(NOTE 3) 


NOTIFY witli cc-state 
parameter set to 'queued' 


cc-service-retention 


TC Cent CCBS REQUEST 
return result, 


RetainSupported 


480 Temporarily unavailable 




TC-End CCBS/CCNR REQUEST 
error result. 


ShortTermDenial 


403 Forbidden 




TC-End CCBS/CCNR REQUEST 
error result, 


LongTermDenial 


PUBLISH with m-parameter in 
Request URI set to 'BS' and 
body containing PIDF basic 
status set to "closed" 




TC-Cont CCBS SUSPEND 




PUBLISH with m-parameter in 

Request URI set to 'BS' and 
body containing PIDF basic 
status set to "open" 




TC-Cont CCBS RESUME 




PUBLISH with m-parameter in 
Request URI set to 'NR' and 
body containing PIDF basic 
status set to "closed" 




TC-Cont CCNR SUSPEND 




PUBLISH with m-parameter in 
Request URI set to 'NR' and 
body containing PIDF basic 
status set to "open" 




TC-Cont CCNR RESUME 




SUBSCRIBE with m- 
parameter in Request URI set 
to 'BS' and with Expires 
header set to 'zero' 




TC-End CCBS CANCEL 




SUBSCRIBE with m- 
parameter in Request URI set 
to 'BS' and with Expires 
header set to 'zero' 




TC-End CCBS CANCEL 




NOTI FY with cc-state set to 
"ready" (NOTE 2) 


TC-Cont REMOTE USER FREE 




NOTE 1 : Expires header defines subscription duration / CC service duration timer. 
NOTE 2: This does not terminate the subscribtion AS-AS. 

NOTE 3: Parameter is set by default, as retention option is supported in IMS by default. 



7.5.11.2 Interworking at the 0-MGCF 

If the O-MGCF supports the interworking of CCBS/CCNR simulation services, the O-MGCF shall map between the 
ISUP and SIP messages in accordance with table 7.5.11.2.1. 
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Table 7.5.11.2.1 : Mapping of ISUP messages to SIP messages 



ISUP Message 


Parameter 


SIP Message 


Parameter 


ACM 


CCNR possible 
indicator set to "CCNR 
possible" 
(NOTE 2) 


180 Ringing 


Call-Info header field with 
purpose parameter set to 
"call-completion" 
(NOTE 1) 


CPG 


CCNR possible 
indicator set to "CCNR 
possible" 
(NOTE 2) 


1 83 Session progress 


Call-Info header field with 
purpose parameter set to 
"call-completion" 
(NOTE 1) 


Release 


Cause Indicator 
cause #1 7 or #34 with 
Diagnostic (CCBS 
indicator set to "CCBS 
possible") 
(NOTE 3) 


486 Busy here 


Call-Info header field with 
purpose parameter set to 
"call-completion" 
(NOTE 1) 


lAM 


cess parameter set 
to "CCSS call" 

(NOTE 2) 


INVITE 


Request URI contains m- 

parameter 

(NOTE 1) 


NOTE 1 : The coding shall be in accordance with draft-ietf-bliss-call-completion [106]. 
NOTE 2: The coding shall be in accordance with ITU-T recommendation 0. 763 [4]. 
NOTE 3: The coding shall be in accordance with ITU-T recommendation Q. 850 [38]. 



If the O-MGCF supports the interworking of CCBS/CCNR simulation services, the O-MGCF shall map between the 
TCAP and SIP messages in accordance with table 7.5.11.2.2. 
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Table 7.5.11.2.2: Mapping of TCAP messages to SIP messages 



TCAP Message 


Parameter 


SIP Message 


Parameter 


TC-Begin CCBS 
REQUEST (invoke) 


CalledPartyNumber 


SUBSCRIBE witli m- 
parameter in Request URI 
set to 'BS' 
(NOTE 1) 


SipURL in To header 


CallingPartyNumber 


SipURL in From header 






TC-Begin CCNR 
REQUEST (invoke) 


CalledPartyNumber 


SUBSCRIBE witli m- 
parameter in Request URI 

set to 'NR' 
(NOTE 1) 


SipURL in To header 


CallingPartyNumber 


SipURL in From header 


TC-Cont CCBS 
REQUEST return result, 


RetainSupported 


NOTIFY with cc-state 
parameter set to 'queued' 


cc-service-retention 


TC-End CCBS/CCNR 
REQUEST error result 


ShortTerm Denial 


480 Temporarily unavailable 




TC-End CCBS/CCNR 
REQUEST error result 


LongTerm Denial 


403 Forbidden 




TC-Cont CCBS 
SUSPEND 




PUBLISH with m-parameter 
in Request URI set to 'BS' 
and body containing PIDF 
basic status set to "closed" 




TC-Cont CCBS RESUIVIE 




PUBLISH with m-parameter 
in Request URI set to 'BS' 
and body containing PIDF 

basic status set to "open" 




TC-Cont CCNR 
SUSPEND 




PUBLISH with m-parameter 
in Request URI set to 'NR' 
and body containing PIDF 
basic status set to "closed" 




TC-Cont CCNR 
RESUIVIE 




PUBLISH with m-parameter 
in Request URI set to 'NR' 
and body containing PIDF 
basic status set to "open" 




TC-End CCBS CANCEL 




SUBSCRIBE with m- 
parameter in Request URI 
set to 'BS' and with Expires 
header set to 'zero' 




TC-End CCBS CANCEL 




SUBSCRIBE with m- 
parameter in Request URI 
set to 'BS' and with Expires 
header set to 'zero' 




TC-Cont REMQTE USER 
FREE 




NOTIFY with cc-state set to 
"ready" (NOTE 2) 




NOTE 1 : Expires header defines subscription duration / CC service duration timer. 
NQTE 2: Tliis does not terminate tlie subscribtion AS-AS. 



7.5.12 CW simulation service 
7.5.1 2.1 Interworking at the l-MGCF 

With regard to the backward messages of the Communication Waiting PSTN/ISDN supplementary service, the 
following mapping is vaUd: 

Table 7.5.12.1 : Mapping of ISUP messages to SIP Massages 



^Message Received from BICC/ISUP 


^Message sent to SIP 


ACM or CPG with generic notification indicator "Call is a 
waiting call" (NOTE 1). 


1 80 Ringing with an Alert-Info header field set to 
"sip:urn:alert:service:call-waiting" (NOTE 2). 


NOTE 1 : The coding shall be in accordance with ITU-T recommendation Q.733.3 [42]. 
NQTE 2: The coding shall be in accordance with draft-alexeitsev-bliss-alert-info-urns [107]. 
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7.5.12.2 Interworking at the 0-MGCF 

With regard to the backward messages of the Communication Waiting service, the following mapping is valid: 



Table 7.5.12.2: Mapping of SIP messages to ISUP messages 



^Message sent to ISUP 


<-Message Received from SIP 


ACM or CPG with generic notification indicator "Call is a 
waiting call" (NOTE 1). 


180 Ringing with an Alert-Info header field set to 
"sip:urn:alert:service:call-waiting" (NOTE 2). 


NOTE 1 : The coding shall be in accordance with ITU-T recommendation 0733.3 [42]. 
NOTE 2: The coding shall be in accordance with draft-alexeitsev-bliss-alert-info-urns [1 07]. 



8 User plane interworking 

8.1 interworking between IIVI CN subsystem and bearer 
independent CS network 

When the IM CN subsystem interworks with the bearer independent CS networks (e.g. CS domain of a PLMN, 3GPP 
TS 29.414 [25], 3GPP TS 29.415 [26], 3GPP TS 23.205 [27]), the Transport Network Layer (TNL) of the bearer 
independent CS network can be based e.g. on IP/UDP/RTP, or IP/UDP/RTP/IuFP, or ATM/AAL2/ framing protocol 
(e.g. lu framing) transport techniques. Figure 31 shows the user plane protocol stacks for the IM CS subsystem and 
bearer independent CS network interworking. If the same AMR configuration is used on the CS network side as on the 
IMS side, transcoding is not required. However, there is still a need to interwork between RTP/UDP/IP/L2/LI to 
TNL/LI. 



Mb 



Tra nscod ing 



AJVIR 


voice 
codec 


RTP 




UDP 


TNL 


IP 


L2 




LI 


LI 



IM-MGW 



Figure 31/1 : IM CN subsystem to bearer independent CS network user plane protocol stack 
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8.1 .1 Transcoder-less Mb to Nb Interworking 



Mb 



Transcoder-less 
user plane 
interworking 


RTP 


NbFP 


UDP 


IP 


L3 


L2 


L2 


- LI 


LI 



IM-MGW 



Nb 



Figure 31/2: IM CN subsystem to bearer independent CS networl( user plane protocol stack (optional 

in the event the codecs on both sides are the same) 



If no transcoder is inserted, the IM-MGW shall interwork the following procedures between the Nb and Mb interfaces. 



8.1.1.1 Initialisation 

. There is no need to interwork initialisation procedures between Nb and Mb interfaces see 3GPP TS 29.415 [26]. 



8.1.1.2 Time alignment 

The purpose of the time ahgnment procedure on the Nb interface is to minimise the buffer delay in the RNC for 
downhnk transmissions by adjusting the vocoder time reference within the network. No such procedure exists on the 
Mb interface, so the IM-MGW shall return NACK indication time alignment not supported according to 3GPP TS 
29.415 [26]. 



8.1.1.3 Rate control 

The rate control procedure signals to the peer entity the maximum rate among the currently allowed rates at which it can 
receive codec frames. Rate control only applies to AMR family codec configurations with multiple active modes. On 
the Nb interface, luFP provides for rate control via the exchange of RATE CONTROL and RATE CONTROL ACK 
PDUs. On the Mb interface, RFC 3267 [23] provides for in-band rate control via the Codec Mode Request (CMR) field 
of every codec frame. 

Interworking of rate control procedures at an IM-MGW between an Mb interface and a corresponding Nb interface only 
applies when the IM-MGW bridges compatible codec configurations between the interfaces without applying a 
transcoding function. An IM-MGW receiving a CMR from an Mb interface shall initiate the luFP rate control procedure 
on the corresponding Nb interface. An IM-MGW receiving a rate control request on an Nb interface shall adjust the 
CMR field of outgoing speech frames on the corresponding Mb interface. 



8.1.1.4 Frame quality indication 

The Nb interface signals frame quality with the Frame Quality Classification (FQC) field of each speech frame PDU. 
See 3GPP TS 26.102 [50] and 3GPP TS 29.415 [26] for details. The FQC may have possible values: O=frame_good; 
l=frame_bad; 2=frame_bad_due_to_radio; and 3=spare. The Mb interface signals frame quality with the Q bit (frame 
quality indicator) field of each speech frame, as defined in RFC 3267 [23]. The Q bit may have values: l=speech_good; 
and 0=speech_bad or sid_bad. 

Tables 24a and 24b provide the mapping between Mb and Nb interfaces. 
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Table 24a: Mapping of Mb (Q bit) onto Nb (FQC) 



Mb - Qbit 


Mb -FT 


Nb - FQC 


1 


X 








X 


1 


Table 24b: Mapping Nb onto Mb 


Nb - FQC 


Mb - Qbit 


Mb -FT 





1 


NC 


1 





NO DATA 


2 





NC 



8.1.1.5 Framing 

Even when the IM-MGW bridges compatible codec configurations between the Nb and Mb interfaces, the IM-MGW 
shall perform translation between the frame formats defined for the two interfaces, since all codec configurations have 
different framing procedures for the two interfaces. The framing details for Nb are defined in 3GPP TS 26.102 [50] and 
3GPP TS 29.415 [26], although they do not describe the framing for ITU-T codecs other than G.71 1. The framing 
details for Mb are defined in RFC 3267 [23], RFC 3550 [51], RFC 3551 [52] and RFC 3555 [53]. 

8.1.1.6 Transcoding 

Transcoding at the IM-MGW is avoided when the IM-MGW bridges compatible codec configurations between the Nb 
and Mb interfaces. Otherwise transcoding is necessary, which eliminates the need to interwork other user plane 
procedures between the interfaces. 

8.1 .1 .7 Discontinuous transmission 

When the IM-MGW bridges compatible codec configurations between the Nb and Mb interfaces, the DTX procedures 
are normally interworked transparently by translating between the framing formats on the interfaces. All the ITU-T and 
AMR family codecs have configurations that are compatible between the Mb and Nb interfaces. 

8.1 .1 .8 Timing and sequence information 

The IM-MGW shall always correct out-of-sequence delivery between Nb and Mb interfaces, either by re-ordering 

frames, or by dropping frames that are out of sequence. 

When the luFP frame numbers are based on time and if the IM-MGW bridges compatible codec configurations between 
the Nb and Mb interfaces, it shall either correct jitter before forwarding PDUs or interwork the RTP timestamp (see 
RFC 3550 [51]) with the luFP Frame Number (see 3GPP TS 29.415 [26]) so that both the RTP timestamp and luFP 
frame number similarly reflect the nominal sampling instant of the user data in the packet. 

NOTE: Correcting jitter may cause additional delay. 

The RTP sequence number (see RFC 3550 [51]) is handled independently on Mb, i.e. it is not interworked with the 
luFP Frame Number (see 3GPP TS 29.415 [26]). 

8.2 Interworking between IM CN subsystem and TDM-based 
CS network 

It shall be possible for the IM CN subsystem to interwork with the TDM based CS networks (e.g. PSTN, ISDN or CS 
domain of a PLMN). Figure 32 describes the user plane protocol stack to provide the particular interworking. 
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Figure 32: IM CN subsystem to TDM-based CS network user plane protocol stack 



8.3 Transcoding requirements 

The IM CN subsystem supports the AMR codec as the native codec for basic voice services. For IM CN subsystem 
terminations, the IM MGW shall support the transport of AMR over RTP according to RFC 3267 [23]. The MGCF shall 
support the options of RFC 3267 Usted within clause 5.1.1 of 3GPPTS 26.236 [32]. 

It shall be possible for the IM CN subsystem to interwork with the CS networks (e.g. PSTN, ISDN or a CS domain of a 
PLMN) by supporting AMR to G.711 transcoding (see ITU-T Recommendation G.711 [1]) in the IM-MGW. The IM- 
MGW may also perform transcoding between AMR and other codec types supported by CS networks. 



8.4 Diffserv code point requirements 

The IM-MGW shall perform DiffServ Code Point (DSCP) markings (see RFC 2474 [21]) on the IP packets sent 
towards the IM CN subsystem entity hke UE or MRFP across the Mb interface to allow DiffServ compliant routers and 
GGSNs to schedule the traffic accordingly. 

The IETF Differentiated Services architecture (see RFC 2475 [22]) shall be used to provide QoS for the external bearer 
service. 

The DSCP shall be operator configurable. 



8.5 DTIVIF handling 

When sending DTMF inband towards the CS network, the MGW shall comply with the encoding requirements in 3GPP 
TS 23.014 [103]; in particular the requirements for the minimum length of a tone and for the minimum gap between two 

subsequent tones shall be ensured. 

When detecting DTMF digits arriving from the CS side, the MGW shall comply with TS 23.014 [103] (by checking 
that a valid digit with minimum duration and minimum gap has been received) before initiating an RTP Telephony 
Event to the IMS interface. 

When sending DTMF towards the IMS side according to the IETF RFC 4733 [105] RTP Payload format, the MGW 

shall comply with the DTMF encoding requirements of Annex G.2 of 3GPP TS 26. 1 14 [104], in particular the 
minimum duration of 65ms shall be ensured. It is optional if the RTP Telephony Event is sent as a number of "RTP 
Events" with interim durations (e.g. every 20ms or 40ms in line with the speech packetisation time) or as a single "RTP 
Event" with the at least 65ms duration. 
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9.1 



MGCF - IM-MGW Interaction 



Overview 



The MGCF shall control the functions of the IM-MGW, which are used to provide the connection between media 
streams of an IP based transport network and bearer channels from a CS network. 

The MGCF shall interact with the IM-MGW across the Mn reference point. The MGCF shall terminate the signalling 
across the Mn interface towards the IM-MGW and the IM-MGW shall terminate the signalling from the MGCF. 

The signalling interface across the Mn reference point shall be defined in accordance with ITU-T Recommendation 
H.248.1 [2] and shall conform to 3GPP specific extensions as detailed in 3GPP TS 29.332 [15]. 

The present specification describes Mn signalUng procedures and their interaction with BICC/ISUP and SIP signalling 
in the control plane, and with user plane procedures. 3GPP TS 29.332 [15] maps these signalling procedures to H.248 
messages and defines the required packages and parameters. 



9.2 Mn signalling interactions 



The following paragraphs describe the Mn interface procedures triggered by SIP and BICC signalling relayed in 
MGCF. 

The SIP signalling occurring at the MGCF is described in 3GPP TS 24.229 [9]. 
All message sequence charts in this clause are examples. 



9.2.1 



Network model 



Figure 33 shows the network model, applicable to BICC and ISUP cases. The broken line represents the call control 
signalling. The dotted line represents the bearer control signalling (if applicable) and the user plane. The MGCF uses 
one context with two terminations in the IM-MGW. The termination Tl is used towards the IM CN subsystem entity 
and the bearer termination T2 is used for the bearer towards the succeeding CS network element. 




CS 

NETWORK 



Figure 33: Network model 

9.2.2 Basic IM CN subsystem originated session 
9.2.2.1 BICC forward bearer establishment 



9.2.2.1.1 IM-MGW selection 

The MGCF shall select an IM-MGW for the bearer connection before it performs the CS network side bearer 
establishment. This may happen either before sending the lAM or after receiving the APM message (signal 5 or signal 6 
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in figure 34). In the latter case, the IM-MGW selection may be based on a possibly received MGW-id from the 
succeeding node. 

9.2.2.1 .2 CS network side bearer establishment 

The MGCF shall either select bearer characteristics or request the IM-MGW to select and provide the bearer 
characteristics for the CS network side bearer connection before sending the lAM. In the latter case the MGCF shall use 
the Prepare Bearer procedure, not shown in figure 34, to request the IM-MGW to select the bearer characteristics. After 
the succeeding node has provided a bearer address and a binding reference in the APM, the MGCF shall use the 
Estabhsh Bearer procedure to request the IM-MGW to estabhsh a bearer towards the destination CS-MGW. The MGCF 
shall provide the IM-MGW with the bearer address, the binding reference and the bearer characteristics (signal 7 in 
figure 34). 

9.2.2.1 .3 IM CN subsystem side termination reservation 

On receipt of an initial INVITE (signal 1 in figure 34) the MGCF shall initiate the Reserve IMS Connection Point and 
Configure Remote Resources procedure (signal 3 and 4 in figure 34). From the received SDP and local configuration 
data the MGCF: 

- Shall send the appropriate remote codec(s), the remote UDP port and the remote IP address to the IM-MGW. 
The remote UDP port and IP address refer to the destination of user plane data sent towards the IM CN 
subsystem. The remote codec(s) are the codec(s) the IM-MGW may select for user plane data sent towards the 
IM CN subsystem. 

- Shall indicate to the IM-MGW the appropriate local codec(s) and request a local IP address and UDP port. The 
local IP address and UDP port are used by the IM-MGW to receive user plane data from the IM CN subsystem. 
The local codec(s) are the codec(s) the IM-MGW may select to receive user plane data from the IM CN 
subsystem. 

- If DTMF support together with speech support is required, the reserve value indicator shall be set to "true". 

- May indicate that IP interface type is for MboIP. 
The IM-MGW 

- Shall reply to the MGCF with the selected local codec(s) and the selected remote codec(s) and the selected local 
UDP port and IP address. 

- Shall reserve resources for those codec(s). 

The MCGF shall send the local codec(s), UDP port and IP address to the IMS in the Session Progress (signal 9 in figure 
34). 

9.2.2.1 .4 IM CN subsystem side session establishment 

Dependent on what the MGCF receives in the PRACK message (signal 10 in figure 34), the MGCF may initiate the 
Configure IMS Resources procedure. If no SDP is received, or if the received SDP does not contain relevant changes 
compared to the previous SDP sent to the IMS in signal 9 in figure 34, the procedure is not invoked. Otherwise the 
MGCF shall use the Configure IMS Resources procedure to provide to the IM-MGW: 

- The appropriate remote codec(s), the remote UDP port and the remote IP address. 

- Optionally the appropriate local codec(s), UDP port and IP address. 

- If DTMF support together with speech support is required, the reserve value indicator shall be set to "true". 

- May indicate that IP interface type is for MboIP. 



The IM-MGW shall: 

- Reply to the MGCF with the selected remote codec(s), 

- Reply to the MGCF with the selected local codec(s)if the MGCF supplied local codec(s). 
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- Update the codec reservation and remote IP address and remote UDP port in accordance with the received 

information. 

The MGCF shall include the selected codec(s) and UDP port and IP address in an 200 OK (PRACK) (signal 11 in 
figure 34) sent back to the IMS. 

9.2.2.1.5 Through-connection 

During the Prepare Bearer and Establish Bearer procedures, the MGCF shall either use the Change Through-Connection 
procedure to request the IM-MGW to backward through-connect the BICC terminations, or the MGCF shall use this 
procedure to both- way through-connect the BICC termination already on this stage (signal 7 in figure 34). During the 
Reserve IMS Connection Point procedure, the MGCF shall use the Change IMS Through-Connection procedure to 
request the IM-MGW to backward through-connect the IMS termination (signal 3 in figure 34). 

When the MGCF receives the BICC:ANM answer indication, it shall request the IM-MGW to both-way through- 
connect the termination using the Change Through-Connection or Change IMS Through-Connection procedures (signal 
22 in figure 34), unless those terminations are already both-way through-cormected. 

9.2.2.1.6 Codec handling 

The IM-MGW may include a speech transcoder based upon the speech coding information provided to each 
termination. 

9.2.2.1 .7 Failure handling in MGCF 

If any procedure between the MGCF and the IM-MGW is not completed successfully the default action by the MGCF is 
to release the session, as described in clause 9.2.6. If the MGCF receives a Bearer Released procedure from the IM- 
MGW the default action by the MGCF is to release the session as described in clause 9.2.7. 

NOTE: As an implementation option the MGCF may also decide for example to only release the resources in the 
IM-MGW that caused the failure, possibly select a new IM-MGW for the connection and continue the 
call establishment using new resources in the selected IM-MGW but such handling is outside of the scope 
of the present document. 

9.2.2.1.8 Message sequence chart 

Figure 34 shows the message sequence chart for the IM CN subsystem originating session with BICC forward bearer 
establishment where the selection of IM-MGW is done before the sending of the lAM. In the chart the MGCF requests 
the seizure of an IM CN subsystem side termination. When the APM is received from the succeeding node, the MGCF 
requests the seizure of a CS network side bearer termination and the establishment of the bearer. When the MGCF 
receives an answer indication, it requests the IM-MGW to both-way through-connect the terminations. Dashed lines 
represent optional or conditional messages. 



ETSI 



3GPP TS 29.163 version 8.5.0 Release 8 



137 



ETSI TS 129 163 V8.5.0 (2009-02) 



1 . SIP.: INVITE 



2. SIP : 100 Trying 
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Change IMS Through- 
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9. SIP:183 
Session Progress 




Establish Bearer, Change 
Through-Connection = both 
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24. S1P.:200 OK (INVITE) 



25. SIE: ACK 



3. H.248 : ADD.req [Context ID = ?, Termination ID = ?] 



4. H.248 : ADD.resp [Context ID = CI , Termination ID = T1] 



5. BIGG: lAM 



6. BIGG: APM 



8. H.248 : ADD.resp [Context ID = CI , Termination ID = T2] 



12. H.248 : MOD.req [Context ID = CI .Termination ID = T1] ^ 

13. H.248 : MOD.resp [Context ID = C1, Termination ID = T1 ] 



16. BIGG : GOT 
17. BIGG: AGM 



21. BIGG: ANM 



22. H.248 : MOD.req [Context ID=C1 , Termination ID = T1] 



23. H.248 : MOD.resp [Context ID = C1 , Termination ID = T1] 
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Figure 34: Basic IIUl CN Subsystem originating session, BICC forward bearer establisliment 
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9.2.2.2 BICC backward bearer establishment 

9.2.2.2.1 IM-MGW selection 

The MGCF shall select an IM-MGW for the bearer connection before it performs the IM CN subsystem session 
establishment or the CS network side bearer establishment, and before it sends the lAM (signal 8 in figure 35). 

9.2.2.2.2 IM CN subsystem side termination reservation 

On receipt of an initial INVITE (signal lin figure 35) the MGCF shall initiate the Reserve IMS Connection Point and 
Configure Remote Resources procedure (signal 3 and 4 in figure 35). From the received SDP and local configuration 
data the MGCF: 

- Shall send the appropriate remote codec(s), the remote UDP port and the remote IP address to the IM-MGW. 
The remote UDP port and IP address refer to the destination of user plane data sent towards the IM CN 
subsystem. The remote codec(s) are the codec(s) the IM-MGW may select for user plane data sent towards the 
IM CN subsystem. 

Shall indicate to the IM-MGW the appropriate local codec(s)and request a local IP address and UDP port. The 
local UDP port and IP address are used by the IM-MGW to receive user plane data from the IM CN subsystem. 
The local codec(s) are the codec(s) the IM-MGW may select to receive user plane data from the IM CN 
subsystem. 

If DTMF support together with speech support is required, the reserve value indicator shall be set to "true". 

- May indicate that IP interface type is for MboIP. 



The IM-MGW shall 

- Reply to the MGCF with the selected local codec(s) and the selected remote codec(s) and the selected local UDP 
port and IP address. 

- Reserve resources for those codec(s). 



The MCGF shall send the local codec(s), UDP port and IP address to the IMS in the Session Progress (signal 5 in figure 
35). 

9.2.2.2.3 IM CN subsystem side session establisliment 

Dependent on what the MGCF receives in the PRACK message (signal 9 in figure 35) the MGCF may initiate the 
Select Configure IMS Resources procedure (signals 10 and 1 1 in figure 35). If no SDP is received, or if the received 
SDP does not contain relevant changes compared to the previous SDP the procedure is not invoked. Otherwise the 
MGCF shall use the Configure IMS Resources procedure to provide to the IM-MGW: 

the appropriate remote codec(s), the remote UDP port and the remote IP address. 

- optionally if DTMF support together with speech support is required, the reserve value indicator shall be set to 
"true". 

- May indicate that IP interface type is for MboIP. 



The IM-MGW shall: 

- Reply to the MGCF with the selected remote codec(s). 

- Reply to the MGCF with the selected local codec(s), if the MGCF supplied local codec(s). 

- Update the codec reservation and remote IP address and remote UDP port in accordance with the received 
information. 
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The MGCF shall include the selected codec(s), IP address and UDP port in an 200 OK (PRACK) (signal 12 in figure 
35) sent back to the IMS 

9.2.2.2.4 CS network side bearer establishment 

The MGCF shall request the IM-MGW to prepare for the CS network side bearer establishment using the Prepare 
Bearer procedure before sending the lAM to the succeeding node. Within this procedure, the MGCF shall request the 
IM-MGW to provide a bearer address and a binding reference, and the MGCF shall either provide the IM-MGW with 
the preferred bearer characteristics or it shall request the IM-MGW to select and provide the bearer characteristics 
(signal 6 in figure 35). After the IM-MGW has repUed with the bearer address, the binding reference and the bearer 
characteristics (if requested), the MGCF sends the lAM to the succeeding node (signal 8 in figure 35). 

9.2.2.2.5 Tlirougli-connection 

During the Prepare Bearer procedure, the MGCF shall either use the Change Through-Connection procedure to request 
the IM-MGW to backward through-connect the BICC termination, or the MGCF shall use this procedure to both-way 
through-connect the BICC termination already on this stage (signal 6 in figure 35). During the Reserve IMS Connection 
Point procedure, the MGCF shall use the Change IMS Through-Connection procedure to request the IM-MGW to 
backward through-connect the IMS termination (signal 3 in figure 35). 

When the MGCF receives the BICC:ANM answer indication, it shall request the IM-MGW to both-way through- 
connect the terminations using the Change Through-Connection or Change IMS Through-Connection procedures 
(signal 21 in figure 35), unless those terminations are already both-way through-connected. 

9.2.2.2.6 Codec handling 

The IM-MGW may include a speech transcoder based upon the speech coding information provided to each 
termination. 

9.2.2.2.7 Failure handling in MGCF 

If any procedure between the MGCF and the IM-MGW is not completed successfully the default action by the MGCF is 
to release the session as described in clause 9.2.6,. If the MGCF receives a Bearer Released procedure from the IM- 
MGW the default action by the MGCF is to release the session, as described in clause 9.2.7. 

NOTE: As an implementation option the MGCF may also decide for example to only release the resources in the 
IM-MGW that caused the failure, possibly select a new IM-MGW for the connection and continue the 
call estabhshment using new resources in the selected IM-MGW but such handling is outside of the scope 
of the present document. 

9.2.2.2.8 Message sequence chart 

Figure 35 shows the message sequence chart for the IM CN subsystem originating session with BICC backward bearer 
estabhshment. In the chart the MGCF requests the seizure of an IM CN subsystem side termination and a CS network 
side bearer termination. When the MGCF receives an answer indication, it requests the IM-MGW to both-way through- 
connect the terminations. Dashed lines represent optional or conditional messages. 
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Figure 35: Basic IIUl CN Subsystem originating session, BICC bacl(ward bearer establisliment 

(message sequence chart) 

9.2.2.3 ISUP 

9.2.2.3.1 IM-MGW selection 

The MGCF shall select an IM-MGW with circuits to the given destination in the CS domain before it performs the IM 
CN subsystem session establishment and before it sends the lAM (signal 8 in figure 36). 
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9.2.2.3.2 



IM CN subsystem side termination reservation 



On receipt of an initial INVITE (signal 1 in figure 36) the MGCF shall initiate the Reserve IMS Connection Point and 
Configure Remote Resources procedure (signal 3 and 4 in figure 36). From the received SDP and local configuration 
data the MGCF: 

shall send the appropriate remote codec(s), the remote UDP port and the remote IP address to the IM-MGW. The 
remote UDP port and IP address refer to the destination of user plane data sent towards the IM CN subsystem. 
The remote codec(s) are the codec(s) the IM-MGW may select for user plane data sent towards the IM CN 
subsystem. 

- shall indicate to the IM-MGW the appropriate local codec(s) and request a local IP address and UDP port. The 
local IP address and UDP port are used by the IM-MGW to receive user plane data from the IM CN subsystem. 
The local codec(s) are the codec(s) the IM-MGW may select to receive user plane data from the IM CN 

subsystem. 

- If DTMF support together with speech support is required, the reserve value indicator shall be set to "true". 

- May indicate that IP interface type is for MboIP. 



The IM-MGW shall 

- reply to the MGCF with the selected local codec(s) and the selected remote codec(s) and the selected local UDP 
port and IP address. 

- reserve resources for those codec(s). 

The MCGF shall send selected local codec(s) and the selected remote codec and the selected local UDP port and IP 
address to the IMS in the Session Progress (signal 5 in figure 36) 



Dependent on what the MGCF receives in the PRACK message (signal 9 in figure 35) the MGCF may initiate the 
Configure IMS Resources procedure. If no SDP is received, or if the received SDP does not contain relevant changes 
compared to the previous SDP, the procedure is not invoked. Otherwise the MGCF shall use the Configure IMS 
Resources procedure to provide to the IM-MGW: 

the appropriate remote codec(s), the remote UDP port and the remote IP address. 

optionally the appropriate local codec(s), UDP port and IP address. 

- If DTMF support together with speech support is required, the reserve value indicator shall be set to "true". 

- May indicate that IP interface type is for MboIP. 

The IM-MGW shall: 

- reply to the MGCF with the selected remote codec. 

- reply to the MGCF with the selected local codec(s), if the MGCF supplied local codec(s). 

update the codec reservation and remote IP address and UDP port in accordance with the received information. 

The MGCF shall include the selected codec(s) UDP port and IP address in 200 OK (PRACK) (signal 12 in figure 36) 
sent back to the IMS. 

9.2.2.3.4 CS network side circuit reservation 

The MGCF shall request the IM-MGW to reserve a circuit using the Reserve TDM Circuit procedure. The MGCF sends 
the lAM to the succeeding node including the reserved circuit identity. 



9.2.2.3.3 



IM CN subsystem side session establisliment 
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9.2.2.3.5 Through-connection 

During the Reserve TDM Circuit and Reserve IMS Connection Point procedures, the MGCF shall either use the Change 
TDM Through-Connection procedure to request the IM-MGW to backward through-connect the termination, or the 
MGCF shall use this procedure to both-way through-connect the TDM termination already on this stage (signal 6 in 
figure 36). During the Reserve IMS connection Point procedure, the MGCF shall use the Change IMS through- 
connection procedure to request the IM-MGW to backward through-connect the IMS termination (signal 3 in figure 36). 

When the MGCF receives the ISUP:ANM answer indication, it shall request the IM-MGW to both-way through- 
connect the terminations using the Change IMS Through-Connection or Change TDM Through-Connection procedures 
(signal 21 in figure 36), unless those terminations are already both-way through-connected. 

9.2.2.3.6 Continuity check 

The MGCF may request a continuity check on the connection towards the CS network within the lAM message. In this 
case, the MGCF shall use the Continuity Check procedure towards the IM-MGW to request the generation of a 
continuity check tone on the TDM termination. The IM-MGW shall then use the Continuity Check Verify procedure to 
notify the MGCF of an incoming continuity check tone on the corresponding circuit. In addition to other conditions 
detailed in Section 7, the MGCF shall wait until receiving this notification before sending the COT. (Not depicted in 
figure 36) 

9.2.2.3.7 Codec handling 

The IM-MGW may include a speech transcoder based upon the speech coding information provided to each 
termination. 

9.2.2.3.8 Voice processing function 

A voice processing function located on the IM-MGW may be used to achieve desired acoustic quality on the 

terminations. If the voice processing function is used, the MGCF shall request the activation of it in the termination 
towards the CS network using the Activate TDM Voice Processing Function procedure (signal 23 in figure 36). 

9.2.2.3.9 Failure handling in MGCF 

If any procedure between the MGCF and the IM-MGW is not completed successfully session shall be released as 
described in clause 9.2.6. If the MGCF receives a Bearer Released procedure from the IM-MGW the default action by 
the MGCF is to release the session as described in clause 9.2.7. 

9.2.2.3.1 Message sequence chart 

Figure 36 shows the message sequence chart for the IM CN subsystem originating session. In the chart the MGCF 
requests the seizure of an IM CN subsystem side termination and a CS network side bearer termination. When the 
MGCF receives an answer indication, it requests the IM-MGW to both-way through-connect the terminations. The 
MGCF requests the possible activation of the voice processing functions for the bearer terminations. Dashed lines 
represent optional or conditional messages. 
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Figure 36: Basic IIU! CN Subsystem originating session, ISUP (message sequence chart) 
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9.2.3 Basic CS network originated session 



9.2.3.1 



BICC forward bearer establishment 



9.2.3.1.1 



IM-MGW selection 



The MGCF shall select an IM-MGW for the bearer connection before it performs the IM CN subsystem session 
estabUshment or the CS network side bearer estabhshment. 



The MGCF shall derive from configuration data one or several appropriate local codec(s) the IM-MGW may use to 
receive user plane data from the IM CN subsystem. The MGCF shall use the Reserve IMS Connection Point procedure 
(signals 2 and 3 in figure 37). Within this procedure, the MGCF shall indicate the local codec(s) and request a local IP 
address and UDP port from the IM-MGW. The local IP address and UDP port are used by the IM-MGW to receive user 
plane data from the IM CN subsystem. If DTMF support together with speech support is required, or if the resources for 
multiple speech codecs shall be reserved at this stage, the reserve value indicator shall be set to "true". 

The MGCF may also indicate that the IP interface type is for MboIP. 

The IM-MGW shall reply to the MGCF with the selected local codec(s) and the selected local IP address and UDP port. 
The MGCF shall send this information in the INVITE (signal 4 in figure 37) to the IM CN subsystem. 

9.2.3.1 .3 IM CN subsystem side session establisliment 

The MGCF shall use the Configure IMS Resources procedure (signals 7 and 8 or 23a and 23b in figure 37) to provide 
configuration data (derived from SDP received in signal 6 in figure 37 and local configuration data) to the IM-MGW as 
detailed below: 

- The MGCF shall indicate the remote IP address and UDP port, i.e. the destination IP address and UDP port for 
data sent in the user plane towards the IM CN subsystem, 

- The MGCF shall indicate the remote codec(s), i.e. the speech codec(s) for data sent in the user plane towards the 
IM CN subsystem. 

The MGCF may indicate the local codec(s) and the local IP address and UDP port. The MGCF shall indicate the 
local codec(s) if a change is required. 

- IF DTMF support together with speech support is required, the reserve value indicator shall be set to "true". 

- The MGCF may indicate that IP interface type is for MboIP. 



The IM-MGW shall reply with the selected remote codec(s) and reserve resources for these codec(s). If local codec(s) 
were received, the IM-MGW shall also reply with the selected local codec(s) and reserve the corresponding resources. 

If the selected local codec(s) differ from the codec(s) received in the SDP of signal 6 in figure 37 (if any), the MGCF 
shall send the local reserved codec(s), and the local IP address and UDP port in the PRACK (signal 9 in figure 37) to 
the IMS. 

If the selected local codec(s) differ from the codec(s) received in the SDP of signal 23 in figure 37 (if any), the MGCF 
shall send the local reserved codec(s), and the local IP address and UDP port in an re-INVITE or UPDATE (not 
depicted in figure 37) to the IMS. 

9.2.3.1 .4 CS network side bearer establisliment 

The MGCF shall request the IM-MGW to prepare for the CS network side bearer establishment using the Prepare 
Bearer procedure (signals 1 1 and 12 in figure 37). Within this procedure, the MGCF shall request the IM-MGW to 
provide a bearer address, a binding reference and optionally notify when the bearer is established. The MGCF shall also 
provide the IM-MGW with the bearer characteristics that was received from the preceding node in the lAM. After the 



9.2.3.1.2 



IM CN subsystem side termination reservation 
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IM-MGW has replied with the bearer address and the binding reference, the MGCF provides the APM message (signals 
13 in figure 37) to the preceding node. The MGCF may also provide the IM-MGW-id in the APM message. 

9.2.3.1 .5 Called party alerting 

The MGCF shall request the IM-MGW to provide an awaiting answer indication (ringing tone) to the calling party 
using the Send Tone procedure (signals 20 and 21 in figure 37) , when the following condition is satisfied: 

the MGCF receives the first 180 Ringing message, unless this message or some previous SIP provisional 
response contained a P-Early-Media header that authorizes early media and the MGCF supports the P-Early- 
Media header as a network option. 

9.2.3.1 .6 Called party answer 

When the MGCF receives a 200 OK message (signal 23 in figure 34), it shall request the IM-MGW to stop providing 
the ringing tone to the calling party using the Stop Tone procedure (signals 26 and 27 in figure 37). 

9.2.3.1.7 Through-Connection 

During the Prepare Bearer procedure, the MGCF shall either use the Change Through-Connection procedure to request 
the IM-MGW to backward through-connect the BlCC termination, or the MGCF shall use this procedure to both-way 
through-connect the BlCC termination already on this stage (signals 1 1 and 12 in figure 37). During the Reserve IMS 
Connection Point procedure, the MGCF shall use the Change IMS Through-Connection procedure to request the IM- 
MGW to backward through-connect the IMS termination (signals 2 and 3 in figure 37). 

When the MGCF receives the SIP 200 OK(INVrrE) (signal 23 in figure 37), it requests the IM-MGW to both-way 
through-connect the terminations using the Change IMS Through-Connection or Change Through-Connection 
procedures (signals 28 and 29 in figure 37), unless those terminations are already both-way through-connected. 

9.2.3.1.8 Codec handling 

The IM-MGW may include a speech transcoder based upon the speech coding information provided to each 
termination. 

9.2.3.1 .9 Failure handling in MGCF 

If any procedure between the MGCF and the IM-MGW is not completed successfully, the default action by the MGCF 
is to release the session as described in clause 9.2.6. If the MGCF receives a Bearer Released procedure from the IM- 
MGW the default action by the MGCF is to release the session, as described in clause 9.2.7. 

NOTE: As an implementation option the MGCF may also decide for example to only release the resources in the 
IM-MGW that caused the failure, possibly select a new IM-MGW for the connection and continue the 
call establishment using new resources in the selected IM-MGW but such handling is outside of the scope 
of the present document. 

9.2.3.1 .10 Message sequence chart 

Figure 37 shows the message sequence chart for the CS network originating session with BlCC forward bearer 
establishment. In the chart the MGCF requests the seizure of the IM CN subsystem side termination and CS network 
side bearer termination. When the MGCF receives an answer indication, it requests the IM-MGW to both-way through- 
connect the terminations. Dashed lines represent optional or conditional messages. 
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Figure 37/1 : Basic CS Networl( Originating Session, Forward Bearer Establishment (message 
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Figure 37/2: Basic CS Network Originating Session, Forward Bearer Establisliment 

(message sequence chart continue) 



9.2.3.2 BICC Backward bearer establishment 

9.2.3.2.1 IM-MGW selection 

The MGCF shall select an IM-MGW for the bearer connection before it performs the IM CN subsystem session 
estabhshment or the CS network side bearer estabhshment. 

9.2.3.2.2 CS network side bearer establisliment 

The MGCF shall request the IM-MGW to establish a bearer using the EstabUsh Bearer procedure (signals 2 and 3 in 
figure 38). The MGCF provides the IM-MGW with the bearer address, the binding reference and the bearer 
characteristics that were received from the preceding node in the lAM (signal 1 in figure 38). 

9.2.3.2.3 IM CN subsystem side termination reservation 

The MGCF shall derive from configuration data one or several appropriate local codec(s) the IM-MGW may use to 
receive user plane data from the IM CN subsystem. The MGCF shall use the Reserve IMS Connection Point procedure 
(signals 2 and 3 in figure 38). Within this procedure, the MGCF shall indicate the local codec(s) and request a local IP 
address and UDP port from the IM-MGW. The local IP address and UDP port are used by the IM-MGW to receive user 
plane data from the IM CN subsystem. If DTMF support together with speech support is required, or if the resources for 
multiple speech codecs shall be reserved at this stage, the reserve value indicator shall be set to "true". 

The MGCF may also indicate that the IP interface type is for MboIP. 

The IM-MGW shall reply to the MGCF with the selected local codec(s) and the selected local IP address and UDP port. 
The MGCF shall send this information in the INVITE (signal 6 in figure 38) to the IM CN subsystem. 
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9.2.3.2.4 IM CN subsystem side session establisliment 

The MGCF shall use the Configure IMS Resources procedure (signals 9 and 10 or 22a and 22b in figure 38) to provide 
configuration data (derived from SDP received in signal 8 in figure 38 and local configuration data) to the IM-MGW as 
detailed below: 

- The MGCF shall indicate the remote IP address and UDP port, i.e. the destination IP address and UDP port for 
data sent in the user plane towards the IM CN subsystem 

- The MGCF shall indicate the remote codec(s), i.e. the speech codec(s) for data sent in the user plane towards the 
IM CN subsystem. 

The MGCF may indicate the local codec(s) and the local IP address and UDP port. The MGCF shall indicate the 
local codec(s) if a change is required. 

- If DTMF support together with speech support is required, the reserve value indicator shall be set to "true". 

- The MGCF may indicate that IP interface type is for MboIP. 



The IM-MGW shall reply with the selected remote codec(s) and reserve resources for this codec. If local codec(s) were 
received, the IM-MGW shall also reply with the selected local codec(s) and reserve the corresponding resources. 

If the selected local codec(s) differ from the codec(s) received in the SDP of signal 8 in figure 38 (if any), the MGCF 
shall send the reserved speech codec(s), and the local IP address and UDP port in the PRACK (signal 1 1 in figure 38) to 
the IMS. 

If the selected local codec(s) differ from the codec(s) received in the SDP of signal 22 in figure 38 (if any), the MGCF 
shall send the local reserved codec(s), and the local IP address and UDP port in an re-INVITE or UPDATE (not 
depicted in figure 38) to the IMS. 



9.2.3.2.5 Called party alerting 

The MGCF shall request the IM-MGW to provide an awaiting answer indication (ringing tone) to the calling party 
using the Send Tone procedure (signals 19 and 20 in figure 38) , when the following conditions is satisfied: 

- the MGCF receives the first 180 Ringing message, unless this message or some previous SIP provisional 
response contained a P-Early-Media header that authorizes early media and the MGCF supports the P-Early- 
Media header as a network option. 

9.2.3.2.6 Called party answer 

When the MGCF receives a 200 OK message (signal 22 in figure 38), it shall request the IM-MGW to stop providing 
the ringing tone to the calling party using the Stop Tone procedure (signals 23 and 24 in figure 38). 

9.2.3.2.7 Through-Connection 

During the Establish Bearer procedure, the MGCF shall either use the Change Through-Connection procedure to 
request the IM-MGW to backward through-connect the BICC termination, or the MGCF shall use this procedure to 
both-way through-connect the BICC termination already on this stage (signals 2 and 3 in figure 38). During the Reserve 
IMS Connection Point procedure, the MGCF shall use the Change IMS Through-Connection procedure to request the 
IM-MGW to backward through-connect the IMS termination (signals 4 and 5 in figure 38). 
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When the MGCF receives the SIP 200 OK(INVITE) (signal 22 in figure 38), it shall request the IM-MGW to both-way 
through-connect the bearer using the Change IMS Through-Connection or Change Through-Connection procedure 
(signals 25 and 26 in figure 38), unless those terminations are already both-way through-connected. 

9.2.3.2.8 Codec handling 

The IM-MGW may include a speech transcoder based upon the speech coding information provided to each 
termination. 

9.2.3.2.9 Failure handling in MGCF 

If any procedure between the MGCF and the IM-MGW is not completed successfully, the default action by the MGCF 
is to release the session as described in clause 9.2.6. If the MGCF receives a Bearer Released procedure from the IM- 
MGW the default action by the MGCF is to release the session as described in clause 9.2.7. 

NOTE: As an implementation option the MGCF may also decide for example to only release the resources in the 
IM-MGW that caused the failure, possibly select a new IM-MGW for the cormection and continue the 
call estabUshment using new resources in the selected IM-MGW but such handling is outside of the scope 
of the present document. 

9.2.3.2.1 Message sequence chart 

Figure 38 shows the message sequence chart for the CS network originating session with BICC backward bearer 
estabUshment. In the chart the MGCF requests seizure of the IM CN subsystem side termination and CS network side 
bearer termination. When the MGCF receives an answer indication, it requests the IM-MGW to both-way through- 
connect the terminations. Dashed lines represent optional or conditional messages. 
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Figure 38/1 : Basic CS Network Originating Session, BICC Backward Bearer Establishment (message 

sequence chart) 
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Figure 38/2: Basic CS Networl( Originating Session, BICC Baclcward Bearer Establisliment 

(message sequence cliart continue) 



9.2.3.3 



ISUP 



9.2.3.3.1 IM-MGW selection 

The MGCF selects the IM-MGW based on the received circuit identity in the lAM. 

9.2.3.3.2 CS network side circuit reservation 

The MGCF shall request the IM-MGW to reserve a circuit using the Reserve TDM Circuit procedure. 



9.2.3.3.3 



IM CN subsystem side termination reservation 



The MGCF shall derive from configuration data one or several appropriate local codec(s) the IM-MGW may use to 
receive user plane data from the IM CN subsystem. The MGCF shall use the Reserve IMS Connection Point procedure 
(signals 2 and 3 in figure 39). Within this procedure, the MGCF shall indicate the local codec(s) and request a local IP 
address and UDP port from the IM-MGW. The local IP address and UDP port are used by the IM-MGW to receive user 
plane data from the IM CN subsystem. If DTMF support together with speech support is required, or if the resources for 
multiple speech codecs shall be reserved at this stage, the reserve value indicator shall be set to "true". 

The MGCF may also indicate that the IP interface type is for MboIP. 

The IM-MGW shall reply to the MGCF with the selected local codec(s) and the selected local IP address and UDP port. 
The MGCF shall send this information in the INVITE (signal 6 in figure 39) to the IM CN subsystem. 



9.2.3.3.4 



IM CN subsystem side session establishment 



The MGCF shall use the Configure IMS Resources procedure (signals 9 and 10 or 22a and 22b in figure 39) to provide 
configuration data (derived from SDP received in signal 8 in figure 39 and local configiu-ation data) as detailed below: 
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The MGCF shall indicate the remote IP address and UDP port, i.e. the destination IP address and UDP port for 

data sent in the user plane towards the IM CN subsystem. 

- The MGCF shall indicate the remote codec(s), i.e. the speech codec(s) for data sent in the user plane towards the 
IM CN subsystem. 

- The MGCF may indicate the local codec(s) and the local IP address and UDP port. The MGCF shall indicate the 
local codec(s) if a change is required. 

- If DTMF support together with speech support is required, the reserve value indicator shall be set to "true". 

- The MGCF may indicate that IP interface type is for MboIP. 

The IM-MGW shall reply with the selected remote codec(s) and reserve resources for these codec(s). If local codec(s) 
were received, the IM-MGW shall also reply with the selected local codec(s) and reserve the corresponding resources. 

If the selected local codec(s) differ from the codec(s) received in the SDP of signal 8 in figure 39 (if any), the MGCF 
shall send the reserved speech codec(s), and the local IP address and UDP port in the PRACK (signal 11 in figure 39) to 
the IMS. 

If the selected local codec(s) differ from the codec(s) received in the SDP of signal 22 in figure 39 (if any), the MGCF 
shall send the local reserved codec(s), and the local IP address and UDP port in an re-INVITE or UPDATE (not 
depicted in figure 39) to the IMS. 



9.2.3.3.5 Called party alerting 

The MGCF shall request the IM-MGW to provide an awaiting answer indication (ringing tone) to the calling party 
using the Send TDM Tone procedure (signals 19 and 20in figure 39), when the following condition is satisfied: 

- the MGCF receives the first 1 80 Ringing message, unless this message or some previous SIP provisional 
response contained a P-Early-Media header that authorizes early media and the MGCF supports the P-Early- 
Media header as a network option. 

9.2.3.3.6 Called party answer 

When the MGCF receives a 200 OK message (signal 22 in figure 39), it shall request the IM-MGW to stop providing 
the ringing tone to the calling party using the Stop TDM Tone procedure (signals 23 and 24 in figure 39). 

9.2.3.3.7 Through-Connection 

Within the Reserve TDM Circuit procedure, the MGCF shall either use the Change TDM Through-Connection 
procedure to request the IM-MGW to backward through-connect the TDM termination, or the MGCF shall use this 
procedure to both-way through-connect the TDM termination already on this stage (signals 2 and 3 in figure 39). 
During the Reserve IMS Connection Point procedure, the MGCF shall use the Change IMS Through-Connection 
procedure to request the IM-MGW to backward through-connect the IMS termination (signals 4 and 5 in figure 39). 

When the MGCF receives the SIP 200 OK(INVITE) message, it shall request the IM-MGW to both-way through- 
connect the terminations using the Change IMS Through-Connection or Change TDM Through-Connection procedure 
(signals 25 and 26 in figure 39), unless those terminations are already both-way through-connected. 

9.2.3.3.8 Continuity Check 

If a continuity check on the connection towards the CS network is requested in the 1AM message, the MGCF shall use 
the Continuity Check Response procedure towards the IM-MGW to request loop-back of a received continuity check 
tone on the TDM circuit. Upon reception of the COT message, the MGCF shall use the Continuity Check Response 
procedure towards the IM-MGW to request the removal of the loop-back. (Not depicted in figure 39) 

9.2.3.3.9 Codec handling 

The IM-MGW may include a speech transcoder based upon the speech coding information provided to each 
termination. 
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9.2.3.3.10 



Voice Processing function 



A voice processing function located on the IM-MGW may be used to achieve desired acoustic quality on the 
terminations. If the voice processing function is used, the MGCF shall request the activation of it in the termination 
towards the CS network using the Activate TDM Voice Processing Function procedure (signal 23 in figure 39). 



If any procedure between the MGCF and the IM-MGW is not completed successfully, the session shall be released as 
described in clause 9.2.6. If the MGCF receives a Bearer Released procedure from the IM-MGW the default action by 
the MGCF is to release the session as described in clause 9.2.7. 



Figure 39 shows the message sequence chart for the CS network originating Session with ISUP. In the chart the MGCF 
requests seizure of the IM CN subsystem side termination and CS network side bearer termination. When the MGCF 
receives an answer indication, it requests the IM-MGW to both-way through-connect the terminations. The MGCF may 
request the possible activation of the voice processing fimctions for the terminations. Dashed lines represent optional or 
conditional messages. 



9.2.3.3.11 



Failure liandling in MGCF 



9.2.3.3.12 



Message sequence cliart 
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Figure 39/1: Basic CS Network Originating Session, ISUP (message sequence chart) 
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Figure 39/2: Basic CS Network Originating Session, ISUP (message sequence chart continue) 



9.2.3.4 Handling of Forking 

The procedures described in clauses 9.2.3.1 to 9.2.3.3 shall be applied with the following additions. 

9.2.3.4.1 Detection of Forking 

According to SIP procedures, the O-MGCF inspects the tags in the "to" SIP header fields of provisional and final 
responses to identify the SIP dialogue the response belongs to. If responses belonging to different dialogues are 
received (signals 8 and 13 in figure 39a) , the INVITE request (signal 6 in figure 39a) has been forked. 

9.2.3.4.2 IM CN subsystem side session establisliment 

If SDP is received in a provisional response and more than one SIP dialogue exists (signal 13 in figure 39a), the MGCF 
may either refrain from reconfiguring the IM-MGW, or it may use the Configure IMS Resources procedure (signals 14 
and 15 in figure 39a) as detailed below: 

- If the MGCF receives a SIP provisional response containing a P-Early-Media header that authorizes early media 
and if the MGCF supports the P-Early-Media header as a network option, the MGCF shall provide the remote IP 
address and UDP port, and the remote codec selected from the received SDP and local configuration data, 
corresponding to the SIP dialogue of the SIP provisional response containing a P-Early-Media header that 
authorizes early media. The IM-MGW may be configured to use the remote IP address and port information as 
source filter for incoming packages to prevent that early media from other early SIP dialogues interfere. The 
MGCF may also provide an IP address and port source filter that disallows early media from other early 
dialogues without an early media authorization in order to prevent that such imauthorized early media interfere 
with the authorized early media. (NOTE 1, NOTE 2) 

- If the MGCF did not receive any SIP provisional response containing a P-Early-Media header that authorizes 
early media or if the MGCF does not support the P-Early-Media header as a network option, the MGCF may 
compare the selected local codecs of the different dialogues (which the MGCF selects due to the received SDP 
answer and local configuration data). If different local codecs are selected for the different dialogues, the MGCF 
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may include all these codecs in the "local IMS resources", and set the "reserve value" to indicate that resources 
for all these codecs shall be reserved. Alternatively, the MGCF may only include the codecs received in the last 
SDP in the "local IMS resources". 

- If the MGCF did not receive any SIP provisional response containing a P-Early-Media header that authorizes 
early media or if the MGCF does not support the P-Early-Media header as a network option, the MGCF may 
update the "remote IMS resources" with the information received in the latest SDP. The MGCF should provide 
the remote IP address and UDP port, and the remote codec selected from the received SDP and local 
configuration data. (NOTE 3) 

NOTE 1: The 0-MGCF can use the P-Early-Media header (IETF RFC 5009 [89]) to determine whether the media 
associated with a forked dialog is authorized and thus eUgible for a through connection. In the presence of 
early media for multiple dialogs due to forking, if the IM-MGW is able to identify the media associated 
with a dialog (i.e., if symmetric RTP is used by the peer and the IM-MGW can use the remote SDP 
information to determine the source of the media), then the O-MGCF/IM-MGW can selectively establish 
a through-cormection for an authorized early media flow. 

NOTE 2: The behaviour of an O-MGCF supporting the P-Early-Media header as a network option upon the 

possible reception of SIP provisional responses containing P-Early-Media headers that authorize early 
media for several early dialogues is left unspecified. 

NOTE 3: The behaviour in the third buUet is beneficial if forking is appUed in a sequential manner. 



9.2.3.4.3 IM CN subsystem side session establisliment completion 

Upon reception of the first final 2xx response (signal 32 in figure 39a), the MGCF shall use the Configure IMS 
Resources procedure (signals 35 and 36 in figure 39a) as detailed below unless the IM-MGW is already configured 
accordingly: 

- If the remote IMS resources configured at the IM-MGW do not match the remote resources selected for the 
established dialogue of the final response, the MGCF shall provide the remote IP address and UDP port from the 

latest received SDP of this established dialogue, and the remote codec selected from the latest received SDP of 
this established dialogue and local configuration data within the "remote IMS resources". 

If the local IMS resources configured at the IM-MGW contain more codecs than selected for the established 
dialogue of the final response, the MGCF should update the "local IMS resources" with the selected local codec 
derived from the latest SDP of this established dialogue and local configuration data. The "reserve value" may 
be cleared unless it is required for DTMF. 

The IM-MGW may be configured to use the remote IP address and port information as source filter for incoming 
packages to prevent that early media from other early SIP dialogues interfere with the media of the established 
dialogue. The MGCF may also provide an IP address and port source filter that disallows early media from other 
early dialogues in order to prevent that such early media interfere with the media of the established dialogue. If 
the MGCF has provided a source filter selecting media of another SIP early dialogue, it shall remove or update 
this source filter. 

9.2.3.4.4 Message sequence chart 

Figure 39a shows an example message sequence chart for an CS network originating Session Setup with ISUP, where 
forking occurs. 
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Figure 39a/1 : CS Network Originating Session witli forl(ing, ISUP (message sequence cliart) 
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Figure 39a/2: CS Network Originating Session witli forlcing, ISUP (message sequence cliart continue) 
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9.2.4 Session release initiated from IM CN subsystem side 

9.2.4.1 BICC 



9.2.4.1.1 



Session release in tine IM CN subsystem side 



When the MGCF has received a BYE message from the IM CN subsystem side, the MGCF shall release resources in 
the IM-MGW serving the relevant Mb interface connection by using the "Release IMS Termination" procedure (signals 
5 and 6 in figure 40). After receiving the BYE message, the MGCF shall also send a 200 OK [BYE] message towards 
the IM CN subsystem (signal 2 in Figure 40). 



9.2.4.1.2 



Session release in the CS network side 



When the MGCF has received a BYE message from the IM CN subsystem side, the MGCF shall send a REL message 
to the succeeding node (signal 3 in figure 40). Once the succeeding node has responded with the RLC message (signal 6 
in figure 40), the MGCF shall release the resources for the CS network side in the IM-MGW. If any resources were 
seized in the IM-MGW, the MGCF shall use the "Release Bearer", "Change Through-Connection" and "Release 
Termination" procedures (signals 7 to 10 in figure 40) to indicate to the IM-MGW that the CS network side bearer 
termination shall be removed and the bearer shall be released towards the succeeding MGW. 

9.2.4.1.3 Message sequence chart 

Figure 40 shows the message sequence chart for the session release initiated from the IM CN subsystem side. 



MGCF 



1 . SIP: BYE 



2. S!P: 200 OK [BYE] 



Release IMS Termination 



Release Bearer, 
Cliange Througli- 
Gonnection = backward 



Release Termination 



tM-MGW 



3. BICC: REL 



4. BICC : RLC 



5. H.248 : SUB.req [Context ID = C1, Termination ID = T1] 



6. H.248 : SUB.resp [Context ID = C1 , Termination ID = T1] 



7. H.248 : MOD.req [Context ID = CI , Termination ID = T2] 



8. H.248 : MOD.resp [Context ID = CI , Termination ID = T2] 



9. H.248 : SUB.req [Context ID = CI Termination ID = T2] 



1 0. H.248 : SUB.resp [Context ID = C1 , Termination ID = T2] 



Figure 40: Session release from IIUl CN subsystem side for BICC (message sequence chart) 
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9.2.4.2 



ISUP 



9.2.4.2.1 



Session release in the IM CN subsystem side 



When the MGCF has received a BYE message from the IM CN subsystem side, the MGCF shall release resources in 
the IM-MGW serving the relevant Mb interface connection by using the "Release IMS Termination" procedure (signals 
4 and 5 in figure 41). After receiving the BYE message, the MGCF shall also send a 200 OK [BYE] message towards 
the IM CN subsystem (signal 2 in figure 41). 



9.2.4.2.2 



Session release in the CS network side 



When the MGCF has received a BYE message from the IM CN subsystem side, the MGCF shall send a REL message 
to the succeeding node (signal 3 in figure 41). After sending the REL message, the MGCF shall expect a RLC message 
(signal 8 in figure 41) from the succeeding node. The MGCF shall also release the resources for the CS network side in 
the IM-MGW. If any resources were seized in the IM-MGW, the MGCF shall use the "Release TDM Termination" 
procedure (signals 6 to 7 in figure 41) to indicate to the IM-MGW that the CS network side bearer termination can be 
released. 

9.2.4.2.3 Message sequence chart 

Figure 41 shows the message sequence chart for the session release initiated from the IM CN subsystem side. 



MGCF 



1. SIP: BYE 



2. S!P: 200 OK [BYE] 



Release IMS Termination 



Release TDM Termination 



IM-MGW 



3. ISUP: REL 



4. H.248 : SUB.req [Context ID = CI , Termination ID = T1] 



5. H.248 : SUB.resp [Context ID = C1 , Termination ID = T1] 



6. H.248 : SUB.req [Context ID = CI , Termination ID = T2] 



7. H.248 : SUB.resp [Context ID = C1 , Termination ID = T2] 



8. ISUP: RLC 



Figure 41 : Session release from IIU! CN subsystem side for ISUP (message sequence chart) 



9.2.5 Session release initiated from CS network side 

9.2.5.1 BICC 

9.2.5.1 .1 Session release in the CS network side 

When the MGCF receives a REL message from the preceding node (signal 1 in figure 42), the MGCF shall release 
resources for the CS network side in the IM-MGW. If any resources were seized in the IM-MGW, the MGCF shall use 
the "Release Bearer", "Change Through-Connection" and "Release Termination" procedures to indicate to the IM- 
MGW that the CS network side bearer termination shall be removed and the bearer shall be released towards the 
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preceding MGW (signal 3 to 6 in figure 42). After completion of resource release, the MGCF shall send a RLC message 
towards the preceding node. 



9.2.5.1.2 



Session release in tine IM CN subsystem side 



When the MGCF receives a REL message fiom the preceding node (signal 1 in figure 42), the MGCF shall send a BYE 
message to the IM CN subsystem (signal 2 in figure 42) and the MGCF shall release the resources in the IM-MGW 
serving the relevant Mb interface connection by using the "Release IMS Termination" procedure (signals 7 and 8 in 
figure 42). The MGCF shall also expect to receive a 200 OK [BYE] message from the IM CN subsystem side (signal 10 
in figure 42). 

9.2.5.1.3 Message sequence cliart 

Figure 42 shows the message sequence chart for the session release initiated from the CS network side. 



IM-MGW 



Release Bearer, 
Change Through- 
Connection = backward 



Release Termination 



Release IMS 
Termination 



MGCF 



1 .BIGG: REL 



3. H.248 : MOD.req [Context ID = C1 , Termination ID = T2] 



4. H.248 : MOD.resp [Context ID =C1 , Termination ID =T2] 



5. H.248 : SUB.req [Context ID = CI .Termination ID = T2] 



6. H.248 : SUB.resp [Context ID =C1 , Termination ID =T2 ] 



7. H.248 : SUB.req [Context ID = C1 , Termination ID = T1] 



8. H.248 : SUB.resp [Context ID = CI , Termination ID = T1] 



9. BIGG : RLC 



2. SIP: BYE 



10.S!P:200 OK [BYE] 



Figure 42: Session release from CS network side for BICC (message sequence chart) 



9.2.5.2 ISUP 

9.2.5.2.1 Session release in the CS network side 

When the MGCF receives a REL message from the preceding node (signal 1 in figure 43), the MGCF shall release 
resources for the CS network side in the IM-MGW. If any resources were seized in the IM-MGW, the MGCF shall use 
the "Release TDM Termination procedures" to indicate to the IM-MGW that the CS network side bearer termination 
can be released (signal 3 to 4 in figure 43). After completion of resource release, the MGCF shall send a RLC message 
towards the preceding node. 

9.2.5.2.2 Session release in the IM CN subsystem side 

When the MGCF receives a REL message from the preceding node (signal 1 in figure 43), the MGCF shall send a BYE 
message to the IM CN subsystem (signal 2 in figure 43) and the MGCF shall release the resources in the IM-MGW 
serving the relevant Mb interface connection by using the "Release IMS Termination" procedure (signal 5 to 6 in figure 
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43). The MGCF shall also expect to receive a 200 OK [BYE] message from the IM CN subsystem side (signal 8 in 
figure 43). 

9.2.5.2.3 Message sequence chart 

Figure 43 shows the message sequence chart for the session release initiated from the CS network side. 



IM-MGW 



Release TDM 
Termination 



Release IMS 
Termination 



MGCF 



1 . ISUP : REL 



3. H.248 : SUB.req [Context ID = C1 .Termination ID = T2] 



4. H.248 : SUB.resp [Context ID = C1 , Termination ID = T2] 



5. H.248 : SUB.req [Context ID = C1 , Termination ID = T1] 



6. H.248 : SUB.resp [Context ID =C1, Termination ID =T1] 



7. ISUP: RLC 



2. S!P: BYE 



8. S!E: 200 OK [BYE] 



Figure 43: Session release from CS networl( side for ISUP (message sequence chart) 

9.2.6 Session release initiated by MGCF 

9.2.6.1 BICC 



9.2.6.1.1 



Session release in tine CS network side 



The MGCF shall send a REL message to the succeeding node on the CS network side (signal 1 in figure 44) Once the 
succeeding node has responded with the RLC message (signal 3 in figure 44), the MGCF shall release the resources for 
the CS network side in the IM-MGW. If any resources were seized in the IM-MGW, the MGCF shall use the "Release 
Bearer", "Change Through-Connection" and "Release Termination" procedures to indicate to the IM-MGW that the CS 
network side bearer termination shall be removed and the bearer shall be released towards the succeeding MGW (signal 
4 to 7 in figure 44). 



9.2.6.1.2 



Session release in the IM CN subsystem side 



The MGCF shall sends a BYE message to the IM CN subsystem side (signal 2 in figure 44) and the MGCF shall release 
the resources in the IM-MGW serving the relevant Mb interface connection by using the "Release IMS Termination" 
procedure (signals 8 and 9 in figure 44). The MGCF shall also expect to receive a 200 OK [BYE] message is received 
from the IM CN subsystem side (signal 10 in figure 44). 

9.2.6.1.3 Message sequence chart 

Figure 44 shows the message sequence chart for the session release initiated by the MGCF. 
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2. S!P: BYE 



Release Bearer, 
Change Through- 
Connection = backward 



Release Termination 



Release IMS 
Termination 



10.S!P:200 OK [BYE] 



1 . BICC: REL 



3. BICC: RLC 



4. H.248 : MOD.req [Context ID = CI, Termination ID = T2] 



5. H.248 : MOD.resp [Context ID = C1 , Termination ID = T2] 



6. H.248 : SUB.req [Context ID = CI , Termination ID = T2] 



7. H.248 : SUB.resp [Context ID = CI , Termination ID = T2 ] 



8. H.248 : SUB.req [Context ID = CI , Termination ID = T1] 



9. H.248 : SUB.resp [Context ID = CI , Termination ID = T1] 



Figure 44: Session release initiated by MGCF for BICC (message sequence chart) 



9.2.6.2 



ISUP 



9.2.6.2.1 



Session release in tlie CS network side 



The MGCF shall send a REL message to the succeeding node on the CS network side (signal 2 in figure 45) and the 
MGCF shall release the resources for the CS network side in the IM-MGW. If any resources were seized in the IM- 
MGW, the MGCF shall use the "Release TDM Termination" procedure to indicate to the IM-MGW that the CS network 
side termination shall be released (signal 5 to 6 in figure 45). The MGCF shall also expect to receive a RLC message 
from the succeeding node on the CS network side (signal 7 in figure 45). 



9.2.6.2.2 Session release in the IM CN subsystem side 

The MGCF shall send a BYE message to the IM CN subsystem side (signal I in figure 45) and the MGCF shall release 
the resources in the IM-MGW serving the relevant Mb interface connection by using the "Release IMS Termination" 
procedure (signal 5 to 6 in figure 45). The MGCF shall also expect to receive a 200 OK [BYE] message from the IM 
CN subsystem side (signal 8 in figure 45). 

9.2.6.2.3 Message sequence chart 

Figure 45 shows the message sequence chart for the session release initiated by the MGCF. 
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MGCF 



IM-MGW 



1 . SIP: BYE 



Release IMS 
Termination 



Release TDM 
Termination 



8. §!£: 200 OK [BYE] 



2. ISUP: REL 




3. H.248: SUB.rea fContext ID = CI , Termination ID = T11 


► 


p3 ^ ^ ' — i-ti 

4. H.248: SUB.resp fContext ID = C1 . Termination ID = T1] 


< 

5. H.248: SUB.req [Context ID = CI .Termination ID = T2] 


6. H.248: SUB.resp [Context ID = C1 , Termination ID = T2 ] 


7. ISUP: RLC 


■* 





Figure 45: Session release initiated by MGCF for ISUP (message sequence chart) 

9.2.7 Session release initiated by IM-MGW 

9.2.7.1 BICC 

9.2.7.1 .1 Session release in the CS network side 

Upon receiving from the IM-MGW a "Bearer Released" procedure (signal la and 2a in figure 46) or "IMS Bearer 
Released" procedure (signal lb and 2b in figure 46) or a "MGW Out-of-Service" procedure indicating an immediate 
release (H248 ServiceChangeMethod="Forced") (not depicted in figure 46), the MGCF shall send a REL message to 
the succeeding node on the CS network side (signal 3 in figure 46). Once the succeeding node has responded with the 
RLC message (signal 5 in figure 46), the MGCF shall release the resources for the CS network side in the IM-MGW, 
unless the "MGW Out-of-Service" procedure was received.. If any resources were seized in the IM-MGW, the MGCF 
shall use the "Release Termination" procedure to indicate to the IM-MGW that the CS network side bearer termination 
shall be removed (signals 6 and 7 in figure 46). 



NOTE: Other actions related to MGW Out-Of-Service procedure is defined in 3GPP TS 23 .205 [27] . 



9.2.7.1 .2 Session release in the IM CN subsystem side 

Upon receiving from the IM-MGW a "Bearer Released" procedure (signals la and 2a in figure 46) or "IMS Bearer 
Released" procedure (signal lb and 2b in figure 46) or a "MGW Out-of-Service" procedure indicating an immediate 
release (H248 ServiceChangeMethod="Forced") (not depicted in figure 46), the MGCF shall send a BYE/CANCEL 
message to the IM CN subsystem side (signal 4 in figure 46) Upon receiving from the IM-MGW a "Bearer Released" 
procedure or "IMS Bearer Released" procedure, the MGCF shall also release the resources in the IM-MGW serving the 
relevant Mb interface cormection by using the "Release IMS Termination" procedure (signals 8 and 9 in figure 46). The 
MGCF shall also expect to receive a 200 OK [BYE] message from the IM CN subsystem side (signal 10 in figure 46). 

NOTE: Other actions related to MGW-Out-Of-Service procedure is defined in 3GPP TS 23 .205 [27] 

9.2.7.1.3 Message sequence chart 

Figure 46 shows the message sequence chart for the session release initiated by the IM-MGW. 
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MGCF 



IM-MGW 



Bearer Released 



IMS Bearer 
Released 



4. SIP: BYE 



Release Termination 



Release IMS Termination 



10.S!E:200 OK [BYE] 



1a. H.248: Notifv.req [Context ID = C1, Termination ID = T21 




< 

2a. H.248: Notify.resp [Context ID = C1, Termination ID = T2] 


1b. H.248: Notify.req [Context ID = CI, Termination ID = T1] 


•< 

2b. H.248: Notify.resp [Context ID = C1 , Termination ID = T1] 


3. BIGG: REL 


5. BIGG: RLC 


► 


6. H.248: SUB.req [Context ID = CI, Termination ID = T2] 




7. H.248: SUB.resp [Context ID = CI . Termination ID = T2 1 


^ — — 

8. H.248: SUB.req [Context ID = CI, Termination iD = T1] 


9. H.248: SUB.resp [Context ID = CI, Termination ID = T1] 





Figure 46: Session release initiated by tlie IIUI-IUIGW for BICC (message sequence cliart) 
9.2.7.2 ISUP 

9.2.7.2.1 Session release in the CS network side 

Upon receiving from the IM-MGW a "Termination Out-of-Service" procedure indicating an immediate release (signals 
la and 2a in figure 47), a "Bearer Released" procedure (signal lb and 2b in figure 47), a "IMS Bearer Released" 
procedure (signal Ic and 2c in figure 47) or a "MGW Out-of-Service procedure" (not depicted in figure 47) indicating 
an immediate release (H248 ServiceChangeMethod="Forced") the MGCF shall send a REL message to the succeeding 
node (signal 3 in figure 47). Upon receiving from the IM-MGW a "Termination Out-of-Service" message procedure 
indicating an immediate release or a "Bearer Released" procedure, the MGCF shall also release the resources for the 
corresponding CS network side termination(s) in the IM-MGW. If any resources were seized in the IM-MGW, the 
MGCF shall use the "Release TDM Termination" procedure to indicate to the IM-MGW that the CS network side 
bearer termination can be removed (signals 7 and 8 in figure 47). The MGCF also expects to receive a RLC message on 
the CS network side (signal 9 in figure 47) before the circuit is reselectable. 



NOTE: Other actions related to "MGW-Out-Of-Service" procedure is defined in 3GPP TS 23.205 [27]. 



9.2.7.2.2 Session release in the IM CN subsystem side 

Upon receiving from the IM-MGW a "Termination Out-of-Service" procedure indicating an immediate release (signal 
la and 2a in figure 47) on the CS termination in the context, a "Bearer Released" procedure (signal lb and 2b in figure 
47), an "IMS Bearer Released" procedure (signal Ic and 2c in figure 47) or a "MGW Out-of-Service procedure" (not 
depicted in figure 47) indicating an immediate release, (H248 ServiceChangeMethod="Forced") the MGCF shall send a 
BYE/CANCEL message to the IM CN subsystem side (signal 4 in figure 47). Upon receiving from the IM-MGW a 
"Termination Out-of-Service" procedure indicating an immediate release on the CS termination in the context, a 
"Bearer Released" procedure or an "IMS Bearer Released" procedure, the MGCF shall also release the resources in the 
IM-MGW for the corresponding terminations towards the IM CN subsystem using the "Release IMS Termination" 
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procedure (signals 5 and 6 in figure 47). The MGCF also expects to receive a 200 OK [BYE] message from the IM CN 

subsystem side (signal 10 in figure 47). 

NOTE: Other actions related to "MGW-Out-Of-Service" procedure is defined in 3GPP TS 23.205 [27]. 
9.2.7.2.3 Message sequence chart 

Figure 47 shows the message sequence chart for the session release initiated by the IM-MGW. 



Termination 
Out-of-Service 



or 

Bearer Released 
or 

IIVIS Bearer 
Released 

4. SIP: BYE 



Release IMS 
Termination 



Release TDM 
Termination 



10. SIP: 200 OK [BYE] 



MGCF 



IM-MGW 



1a. H.248 : ServiceChange.req 
[Context ID = CI , Termination ID = T2] 



2a. H.248 : ServiceChange.resp 
[Context ID = CI , Termination ID = T2] 



1 b. H.248 : Notify.req [Context ID = CI , Termination ID = T2] 



2b. H.248 : Notify.resp [Context ID = CI , Termination ID = T2] 



1c. H.248 : Notify.req [Context ID = CI , Termination ID = T1] 



2g. h.248 : Notify.resp [Context ID = CI, Termination ID = T1] 



3. ISUP: REL 



5. H.248 : SUB.req [Context ID = CI, Termination ID = T1] 



6. H.248 : SUB.resp [Context ID = CI , Termination ID = T1] 



7. H.248 : SUB.req [Context ID = 01 Jermination ID = T2] 



8. H.248 : SUB.resp [Context ID = CI , Termination ID = T2 ] 



9. ISUP: RLC 



Figure 47: Session release initiated by the IIUI-IUIGW for ISUP (message sequence chart) 



9.2.8 Handling of RTP telephone events 

DTMF digits, telephony tones and signals (telephone events) can be transferred using different mechanisms. For the IM 
CN Subsystem, 3GPP TS 24.229 [9] defines the usage of the RTP payload format defined for DTMF Digits, Telephony 
Tones and Telephony Signals in RFC 4733 [105]. When BICC signalling is used in the CS network, telephony signals 
may be sent either inband or out-of-band as defined in ITU-T Recommendation Q. 1902.4 [30] and in ITU-T 
Recommendation Q.765.5 [35]. If ISUP signalling is used the DTMF tones are sent inband. The following paragraphs 
describe the Mn interface procedures to transfer DTMF between RTP format defined in RFC 4733 [105] and the CS 
CN. 

Before the actual usage of the telephony signals can occur the sending/receiving of telephone events need to be agreed 
with the SDP offer-answer mechanism defined in RFC 3264 |36|. The outcome of the negotiation can be e.g. that no 
telephone events are sent in RTP payload, telephone events are sent only in one direction or in both directions. If the 
outcome of the negotiation is that RTP payload telephone-events are sent in both directions, the IM-MGW may 
nevertheless be configured to interwork only mobile originated telephone-events. 

When the offer-answer mechanism based session parameters negotiation results in an agreement that telephone events 
are sent in the RTP payload and the needed preconditions are fulfilled, telephone events can be sent in RTP payload. 
This negotiation can be done at call control signalling phase or during an ongoing call. 
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If the MGCF and IM-MGW support the reception and/or transmission of the RTP MIME type "telephone event" (as 
defined in RFC 4733 [105]) with the IMS, the following appHes: 

- For CS Network Originating Sessions, the MGCF shall include the MIME type "telephone events" with default 
events in the first SDP offer. After the usage of telephone events is agreed in the subsequent offer-answer 
parameter exchanges and the needed preconditions defined in RFC 3312 [37] are fulfilled, telephone events can 
be sent as RTP pay load. 

- In case of IM CN Subsystem Originating Sessions, the MGCF shall accept the MIME type "telephone events" 
with default events in any SDP answer when it received such an offer. 

9.2.8.1 Sending DTMF digits out-of-band to CS CN (BICC) 

For the IM CN subsystem terminated session , the MGCF shall use the "Configure IMS Resources" procedure as 
described in Clause 9.2.3. For the IM CN subsystem originating session, the MGCF shall use the "Reserve IMS 
Connection Point and Configure Remote Resources" procedure as described in Clause 9.2.2. If DTMF is supported, the 
MGCF shall include "telephone event" along with the selected speech codecs within the "local IMS resources" 
Parameter of these procedures. The same termination shall be used to receive and transmit DTMF and speech of the 
same call. 

Furthermore, the MGCF shall use the "Detect IMS RTP Tel Signal" procedure to request the MGW to detect incoming 
telephone events from the IMS and notify the MGCF about the detected events. The MGW shall use the "Notify IMS 
RTP Tel Event" procedure for this notification. The termination used to receive DTMF shall be placed in the same 
context used for the speech of the same call. The MGCF shall request to be notified when the MGW detects the end of a 
digit and may also request to be notified when the MGW detects the start of a digit. An IM-MGW not supporting the 
notification about the detection of the start of a digit may ignore the request to provide this notification. If the IM-MGW 
received a "Detect IMS RTP Tel Event" procedure for a termination, the IM-MGW shall not forward inband to the CS 
network any DTMF received at this termination. 

Figure 48 shows an example message sequence chart when a DTMF digit is received from the IM CN subsystem in the 
RTP payload and the MGCF has requested to be notified only about the detection of the end of a digit. Figure 48a 
shows an example message sequence chart when a DTMF digit is received from the IM CN subsystem in the RTP 
payload and the MGCF has requested to be notified about the detection of the start and the end of a digit. 
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IM-MGW MGCF 


Configure IMS Resources 

or 

Reserve IMS Conection Point 
and configure Remote 

Resources, 


1 . H.248 Add/Mod.req 

[Context ID = C1 , Termination ID = T1 , 

OUUt^U — micUl lUI l(j cVcilL, /AlVIri , 

Notify IIVIS RTP Tel Event ("End tone detected") ] 




Detect_IMS_RTP_Tel_Event 


* 

2. H.248 Add/Mod.resD [Context ID = C1. Termination ID =T11^ 


• 
• 


8. RTP encoded new DTMF event 

(tone-event, end=0, duratlon=x) 

1 


9. RTP encoded continued DTMF event 

(tone-event, end=1 , duratlon= Duration) 


> 

• • • 




1 

10. H.248 Notify.ind 

[Context ID = C1 , Termination ID = T1 , Tone-ID, 
Event="End tone detected", Duration] 


J 


Notify_IMS_RTP_TeLEvent 

• 


^ 

1 1 . H.248 Notify. resp[Context ID = C1 , Termination ID = T1] 


i 

12. BICC APM (Actlnd= Start signal notify, signal-type, duration) 


< 


13. BICC APM (Actlnd=Start signal ack) 




► 



Figure 48: Activation of notification of DTMF digits received in RTP and examples of sending the 
digits out-of-band to CS CN, a whole digit received by IM-MGW before sending further (message 

sequence chart) 



ETS/ 



3GPP TS 29.163 version 8.5.0 Release 8 



169 



ETSI TS 129 163 V8.5.0 (2009-02) 



IM-MGW 



Configure IMS Resources 

or 

Reserve IMS Conection Point 
and configure Remote 

Resources, 

Detect IMS RTP Tel Event 



Notify_IMS_RTP_Tel_Event 



MGCF 



1 . H.248 Add/Mod.req 

[Context ID = C1 , Termination iD = T1 , 
Codec = 'lelephone event, AiVIR", 
Notify MS RTP Tei Event ("Start tone detected", 
"End tone detected") 



2. H.248 Add/l\/lod.resD [Context ID = C1 . Termination ID =T11^ 



3. RTP encoded new DTMF event 

(tone-event, end=0, duration=x) 



4. H.248 Notify.ind 

[ Context ID = CI , Termination ID = T1 , ToneJD, 
Event= "Start tone detected"] 



5. H.248 Notlfy.resp[Context ID = C1 , Termination ID = T1] 



Notify_IMS_RTP_Tei_Event 



6. BIGG APiVl (Actlnd=Start signal notify, signal-type) 



7. BIGG APM (Actlnd=Start signal acl<) 



8. RTP encoded new DTIVIF event 

(tone-event, end=0, duration=y) 



9. RTP encoded continued DTiVIF event 

(tone-event, end=1 , duratlon=Duration) 



10. H.248 Notify.ind 

[Context ID = CI , Termination ID = T1 , Tone-ID, 
Event="End tone detected", Duration] 



1 1 . H.248 Notify. resp[Context ID = C1 , Termination ID = T1] 



12. BIGG APM (Actlnd=Stop signal notify) 



13. BIGG APM {Actlnd=Stop signal ack) 



Figure 48a: Activation of notification of DTIUIF digits received in RTP and examples of sending the 
digits out-of-band to CS CN, IM-MGW starts sending the digit further when the start of the digit is 

recognized (message sequence chart) 
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9.2.8.2 



Sending and receiving DTMF digits inband to/from CS CN (ISUP or BICC) 



For the IM CN subsystem terminated session, the MGCF shall use the "Configure IMS Resources" procedure as 
described in Clause 9.2.3. For the IM CN subsystem originating session , the MGCF shall use the "Reserve IMS 
Connection Point and Configure Remote Resources" procedure as described in Clause 9.2.2. If DTMF is supported and 
the MGCF wants to configure the IM_MGW to send and receive DTMF to/from the CS network side, the MGCF shall 
include "telephone event" along with the selected speech codecs within the "local IMS resources" parameter of these 
procedures to request the MGW to detect incoming telephone events and transform them into speech signals on the CS 
side and shall not apply the "Detect IMS RTP Tel Event" procedure. When receiving this configuration, an MGW 
supporting DTMF shall detect DTMF encoded according as RTP Tel Event and transform this into DTMF tones 
encoded within the speech codec used at the CS CN network and may in addition optionally detect incoming telephone 
events received inband from the CS CN network and transform them into telephone events on the IMS side. The same 
termination shall be used to receive and transmit DTMF and speech of the same call. 

Figure 49 shows the message sequence chart to configure the IM-MGW to receive DTMF detection on the IMS side 
and transfer the DTMF inband on the CS side. When receiving this configuration, the IM-MGW may in addition 
optionally detect DTMF inband on the CS side and transmit DTMF on the IMS side. 



IM-MGW 



Configure IMS Resources 

Or 

Reserve IMS Conection Point 
and configure Remote 
Resources 



MGCF 



1 . H.248 Add/Mod.req 

[Context ID = CI , Termination ID = T1 , 

Codec = "telephone event, AMR",] 




Figure 49: Activation of processing of DTiVIF digits received in RTP for sending tfie digits inband to 

CS CN (message sequence chart) 



9.2.8.3 



Receiving DTMF digits out-of-band from CS CN (BICC) 



For the IM CN subsystem terminated session , the MGCF shall use the "Configure IMS Resources" procedure as 
described in Clause 9.2.3. For the IM CN subsystem originating session , the MGCF shall use the "Reserve IMS 
Connection Point and Configure Remote Resources" procedure as described in Clause 9.2.2. If DTMF is supported, the 
MGCF shall include "telephone event" along with the selected speech codecs within the "local IMS resources" 
Parameter of these procedures. The same termination shall be used to receive and transmit DTMF and speech of the 
same call. 

Furthermore, the MGCF shall use the "Send IMS RTP Tel Event" and may use the "Stop IMS RTP Tel Event" 
procedures to request the MGW to play out DTMF to the IM CN subsystem whenever it receives out-of-band DTMF 
indications from the BICC network. 



Figure 49a shows an example message sequence chart when DTMF digits are transmitted to the IM CN subsystem in 
the RTP payload. For the first digit, the received APM message contains all information including the duration and only 
a single notification is received. For the second digit, the start and the end of the DTMF digit are notified separately. 
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IM-MGW 



Configure IMS Resources 
or 

Reserve IMS Conection Point 
and configure Remote 
Resources, 

Detect IMS RTP Tel Event 



Send IMS RTP Tel Event 



Send IMS RTP Tel Event 



Stop_IMS_RTP_Tel_Event 



MGCF 



1. H.248 Add/Mod. req 

[Context ID = CI , Termination ID = T1, 
Codec = "telephone event, AMR", 
Notify IMS RTP Tel Event ("Start tone detected", 
"End tone detected") ] 



2. H.248 Add/Mod.resD fContext ID = C1 . Termination ID =T1^ 



3. BICC APM(Actlnd=Start signal notify, signal-type, duration) 



4. BICC ARM {Actind=Start signal ack) 



5. H.248 Mod.ind 

[Context ID = CI , Termination ID = T1 , Tone-Id, 
SignaiType=TimeOut, Duration] 



6. H.248 Mod.resp[Context ID = CI , Termination ID = T1] 



7. RTP encoded new DTMF event 

(tone-event, end=0, duration=x) 

7. RTP encoded new DTMF event 
(tone-event, end=1 , duration) 



8. BICC ARM (Actlnd=Start signal notify, signal-type) 



9. BICC ARM (Actlnd=Start signal ack) 



10. H.248 Mod.ind 

[ Context ID = C1 , Termination ID = T1 , Tone ID, 
^ SianalTvpe=On/Off1 



1 1 . H.248 Mod.resp[Context ID = CI , Termination ID = T1] 



12. RTP encoded new DTMF event 

(tone-event, end=0, duration=x) 



13. RTP encoded new DTMF event 

(tone-event, end=0, duration=y) 



14. BICC ARM (Actlnd=Stop signal notify) 



15. BICC ARM (Actlnd=Stop signal ack) 



16. H.248 Mod.ind 

[Context ID = C1 , Termination ID = T1] 



17. H.248 Mod.respfContext ID = CI , Termination ID = T1] ^ 



1 87. RTP encoded continued DTMF event 
(tone-event, end=1, duration) 



Digit 1 



Digit 2 



Figure 49a: Examples of receiving DTIUIF digits out-of-band from the CS CN 
and transmitting them in RTP (message sequence chart) 
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9.2.9 Session hold initiated from IIVI CN subsystem 

The network model in the clause 9.2.1 shall apply here. 
Hold request 

When the IMS network makes a hold request by sending an UPDATE or re-INVITE message (signal 1 of figure 50), 
the MGCF shall request the IM-MGW to suspend sending media towards the IMS side by changing the through- 
connection of the IM CN subsystem side termination to 'not through-connected' (signal 2 of figure 50). If the IMS side 
provides modified SDP RR or RS bandwidth modifiers, as specified in IETF RFC 3556 [59], within the hold request, 
the MGCF shall use the Configure IMS Resources Mn procedure to forward this information to the IM-MGW (not 
depicted in figure 50, but may be combined with signal 2). The MGCF shall send a CFG (Hold) message to the 
succeeding CS network node to indicate that the session is on hold (signal 4 of figure 50). Simultaneously a SIP 
message acknowledging the Hold request is sent to the IMS side (signal 7 of figure 50, acknowledged by signal 7. a if 
the INVITE method is used). Announcements may be applied to the party on hold, depending on the held party's status, 
using the Play Announcement procedure (for BICC) or the Play TDM Annoimcement procedure (for ISUP, signal 5 in 
figure 50). The hold operation shall not block RTCP fiows. 

Resume request 

When the IMS network makes a request to retrieve the session on hold by sending an UPDATE or re-INVITE message 
(signal 8 of figure 50), the MGCF shall request the IM-MGW to re-establish communication towards the IMS network 
by changing the through-connection of the IM CN subsystem side termination to both- way through-connected (signal 
1 1 of figure 50). If the IMS side provides modified SDP RR or RS bandwidth modifiers, as specified in IETF RFC 3556 
[59], within the retrieve request, the MGCF shall use the Configure IMS Resources Mn procedure to forward this 
information to the IM-MGW (not depicted in figure 50, but may be combined with signal 11). Possible announcements 
to the party on hold shall be stopped using the Stop Announcement procedure (for BICC) or the Stop TDM 
Aimouncement procedure (for ISUP, signal 9 in figure 50). The MGCF shall send a CPG (Retrieve) message to the 
succeeding CS network node to indicate that the session is retrieved (signal 13 of figure 50). 

Message sequence chart 

Figure 50 shows the message sequence chart for the call hold and retrieval procedures. 
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MGCF IM-MGW 


1 . S!P: UPDATE/INVITE [SDP, 

a=senclonly/inactive] ^ 


2. H.248: MOD.req 

[Context ID = C1 , Termination ID = T1] ^ 




Change Through- 
Connection-Inactive 

Play TDM 
Announcement 

^ 7. S!P; 200 OK [SDP] 


3. H.248: MOD.resp 

[Context ID = 01 , Termination ID = T1] 


4 

4. BICC/ISUP: CPG (Hold) 


5. H.248: MOD.req 

[Context ID = 01 , Termination ID = T2] ^ 


► 

• 


6. H.248: MOD.resp 

[Context ID = CI , Termination ID = T2] 


Q l-l OAR- Kyir^n ran 

[Context ID = 01 , Termination ID = T2] ^ 


7. aS!P:ACK (if INVITE is used) ^ 

8. SIP: UPDATE/INVITE [SDP, 

a=sendrecv/recvonly] ^ 


Stop TDM 
Announcement 

Change Through- 
Connection=Both 

^ 14. SIP: 200 OK [SDP] 


10. H.248: MOD.resp 

[Context ID = 01 , Termination ID = T2] 


■ 


4 

1 1 . H.248: MOD.req 

[Context ID = 01 , Termination ID = T1] 




12. H.248: MOD.resp 
^ [Context ID = C1 , Termination ID = T1] 


13. BICC/ISUP: CPG (Retrieve) 




► 


1 4.a S!P: ACK (if INVITE is used) ^ 



Figure 50 Session hold from IIUl CN subsystem 

9.2.10 Session hold initiated from CS network 

When an MGCF receives a CPG message with a 'remote hold' Generic notification indicator (signal 1 of figure 51), the 
JVIGCF forwards the hold request by sending an UPDATE or re-INVITE message containing SDP with "sendonly" or 
"inactive" media (signal 4 of figure 5 1). 

When an MGCF receives a CPG message with a 'remote retrieval' Generic notification indicator (signal 6 of figure 51), 
the MGCF forwards the resume request by sending an UPDATE or re-lN VITE message containing SDP with 
"sendrecv" or "recvonly" media (signal 9 of figure 51). 

If the MGCF receives a CPG with 'remote hold' or 'remote retrieval' before answer, it shall forward the request using 
an UPDATE message. If the MGCF receives a CPG with 'remote hold' or 'remote retrieval' after answer, it should 
forward the request using re -INVITE but may use UPDATE. 

If link ahveness information is required at the IM-MGW while the media are on hold, the MGCF should provide to the 
modified SDP RR and RS bandwidth modifiers specified in IETF RFC 3556 [59] witiiin the SDP offers in the UPDATE 
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or re-INVITE messages holding and retrieving the media to temporarily enable RTCP while the media are on hold, as 
detailed in Clause 7.4 of 3GPP TS 26.236 [32]. If no hnk aliveness information is required at the IM-MGW, the MGCF 
should provide the SDP RR and RS bandwidth modifiers previously used. 

The interworking does not impact the user plane, unless the MGCF provides modified SDP RR and RS bandwidth 
modifiers in the UPDATE or re-INVITE messages. If the MGCF provides modified SDP RR and RS bandwidth 
modifiers in the UPDATE or re-INVITE messages, the MGCF shall also provide modified SDP RR and RS bandwidths 
to the IM-MGW using the Configure IMS Resoureces procedures (signals 2-3 and 7-8 of figure 51). 

Message sequence chart 

Figure 51 shows the message sequence chart for the call hold and retrieval procedures. 




IM-MGW 



1 . BICC/ISUP : CPG (Hold) 



Configure IMS 

Resources 

(optional) 



6. BICC/ISUP : CPG (Retrieve) 



Configure IMS 

Resources 

(optional) 



2. H.248 : MOD.req 

[Context ID = CI, Termination ID = 11] 



3. H.248 : MOD.resp 

[Context ID = C1 , Termination ID = T1] 



4. SIP: UPDATE/INVITE [SDP, a=sendonly/inaotive] 



5. S!P: 200 OK [SDP] 



5.a S!P: ACK (if INVITE is used) 



7. H.248 : MOD.req 

[Context ID = CI, Termination ID = T1] 



8. H.248 : MOD.resp 

[Context ID = CI , Termination ID = T1] 



9. SIP: UPDATE/INVITE [SDP, a=sendrecv/recvonly] 



10.S!P:200 OK [SDP] 



10.a S!P: ACK (if INVITE is used) 



Figure 51 Session liold from CS network 



9.3 Mn Signalling procedures 

This clause describes of logical signalling procedures (i.e. message identifiers are not part of the protocol) between the 
MGCF and IM-MGW. The procedures within this clause are intended to be implemented using the standard H.248 
procedure as defined in] ITU recommendation H.248. 1 [2]with appropriate parameter combinations. 

9.3.1 Procedures related to terminations towards the IM CN Subsystem 

A mapping of the procedures defined here to H.248 procedures and parameters is provided in 3GPP TS 29.332 [15]. 
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9.3.1 .1 Reserve IMS connection point 

This procedure is used to reserve local connection addresses and local resources. 



Table 25: Procedures toward the IM Subsystem: Reserve IMS connection point 



Procedure 


Initiated 


Information 
element name 


Information 
element 
required 


Information element description 


Reserve IMS 
Connection Point 


MGGF 


Context/Context 
Request 


M 


This information element indicates the 
existing context or requests a new context 
for the bearer termination. 


IMS Termination 

Request 


M 


This information element requests a new 
IMS termination for the bearer to be 
established. 


Local IMS 
Resources/ 


M 


This information element indicates the 
resource{s) (i.e. codecs) for which the IM- 
MGW shall be prepared to receive user 
data, 


IP Interface Type 





This information element indicates the used 
interface type 
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ReserveValue 





This information element indicates if multiple 
local IMS resources are to be reserved. 


Local Connection 
Addresses Request 


M 


This information element requests an IP 
address and port number on the IM-MGW 
that the remote end can send user plane 
data to. 


Notify termination 
lieartbeat 


M 


This information elelment requests 
termination heartbeat indications. 


Notify Released 
Bearer 





This information element requests a 
notification of a released bearer. 


IP Realm Identifier 





This information element indicates the IP 
realm of the IP termination. 


Reserve IMS 
Connection Point 
Ack 


IM-MGW 


Context 


M 


This information element indicates the 
context where the command was executed. 


IMS Termination 


M 


This information element indicates the IMS 
termination where the command was 
executed. 


Local IMS Resources 


M 


This information element indicates the 
resources that the IM-MGW has reserved to 
receive the user plane data from the IMS. 


Local Connection 
Addresses 


M 


This information element indicates the IP 
address and port on the IM-MGW that shall 
receive user plane data from IMS. 



9.3.1.2 Configure IMS resources 

This procedure is used to select multimedia-processing resources for a Mb interface connection. 

Table 26: Procedures toward the IM Subsystem: Select Local, 
Select Remote IMS Processing Resource 



Procedure 


Initiated 


Information element 
name 


Information 
element 
required 


Information element description 


Configure IMS 
Resources 


MGCF 


Context 


M 


This information element indicates the 
existing context. 


IMS Termination 


M 


This information element indicates the 
existing bearer termination. 


Local IMS Resources 





This information element indicates the 
resources (i.e. codec) that the IM-MGW may 
use on the reception of user plane data. 


Remote IMS 
Resources 


M 


This information element indicates the 
resources (i.e. codec) that the IM-MGW may 
send user plane data to. 


Local Connection 
Addresses 





This information element indicates the IP 
address and port on the IM-MGW that the 
IMS user can send user plane data to. 


Remote Connection 
Addresses 


M 


This information element indicates the IP 
address and port that the IM-MGW can send 
user plane data to. 


IP Interface Type 





This information element indicates the used 
interface type 


Reserve Value 





This information element indicates if multiple 
IMS resources are to be reserved. 


Remote Connection 
Addresses Source 
Filter 





This information element indicates an 
optional source filter restricting the IP 
addresses and ports that the IM-MGW shall 
accept as source for incoming user plane 
data. If this information element is set, the 
IM-MGW shall silently discard incoming user 
plane data from dissallowed sources. 


Configure IMS 
Resources 


IM-MGW 


Context 


M 


This information element indicates the 
context where the command was executed. 
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Ack 




IMS Termination 


M 


This information element indicates the IMS 
termination where the command was 
executed. 






Local IMS Resource 





This information element indicates the 
resources that the IM-MGW has reserved to 

• il 1 1 1. £ i.\ £ 1 

receive the user plane data from the far end. 






Remote IMS 
Resource 


M 


This information element indicates the 
resource (i.e. codec) that the IM-MGW shall 
use to send user data to. 






Local Connection 
Address 





This information element indicates the IP 
address and port on the IM-MGW that the 
remote end can send user plane data to. 






Remote Connection 
Address 


M 


This information element indicates the IP 
address and port that the IM-MGW can send 
user plane data to. 



9.3.1 .3 Reserve IMS Connection point and configure remote resources 

This procedure is used to reserve multimedia-processing resources for an Mb interface connection. 
Table 27: Procedures toward the IM Subsystem: reserve local, reserve remote IMS connection point 



Procedure 


Initiated 


information element 
name 


Information 
element 
required 


Information element description 


Reserve IMS 
Connection Point 
and Configure 
Remote 
Resources 


MGCF 


Context/Context 
Request 


M 


This information element indicates the 
existing context or requests a new context 
for the bearer termination. 


IMS Termination/IMS 
Termination Request 


M 


This information element indicates the 
existing bearer termination or requests a 
new IMS termination for the bearer to be 
established. 


Local IMS Resources 


M 


This information element indicates the 
resource^sj (i.e. cooecsj lor wnicn me iivi- 
MGW shall be prepared to receive user 
data, 


Remote IMS 
Resources 


M 


This information element indicates the 
resources (i.e. codec) that the IM-MGW 
shall use to send user data in the IMS. 


IP Interface Type 





This information element indicates the used 
interface type 


Reserve Value 





This information element indicates if multiple 
IMS resources are to be reserved. 


Local Connection 
Address request 


M 


This information element requests an IP 
address and a port number on the IM-MGW 
that the remote end can send user plane 
data to. 


Remote Connection 
Addresses 


M 


This information element indicates the IP 
address and ports at an IMS user that the 
IM-MGW can send user plane data to. 


Notify termination 
heartbeat 


M 


This information element requests 
termination heartbeat indications. 


Notify Released 
Bearer 





This information element requests a 
notification of a released bearer. 


IP Realm Identifier 





This information element indicates the IP 
realm of the IP termination. 


Reserve IMS 
Connection Point 
and Configure 

Remote 
Resources Ack 


IM-MGW 


Context 


M 


This information element indicates the 
context where the command was executed. 


IMS Termination 


M 


This information element indicates the IMS 
termination where the command was 

executed. 


Local IMS Resources 


M 


This information element indicates the 
resources that the IM-MGW has reserved to 
receive the user plane data from IMS. 
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Remote IMS 
Resources 


M 


This information element indicates the 
resource (i.e. codec) that the IM-MGW shall 
use to send user data. 


Local Connection 
Addresses 


M 


This information element indicates the IP 
address on the IM-MGW that shall receive 
user plane data from the IMS. 



9.3.1 .4 Release IMS termination 

This procedure is used by the MGCF to release a termination towards the IMS and free all related resources. 

Table 28: Release IMS termination 



Procedure 


Initiated 


Information element 
name 


Information 
element 
required 


Information element description 


Release IMS 
Termination 


MGCF 


Context 


M 


This information element indicates the 
context for the bearer termination. 


Bearer Termination 


M 


This information element indicates the bearer 
termination to be released. 


Release IMS 
Termination Ack 


IM-MGW 


Context 


M 


This information element indicates the 
context where the command was executed. 


Bearer Termination 


M 


This information element indicates the bearer 
termination where the command was 
executed. 



9.3.1 .5 Detect IMS RTP Tel event 

This procedure is used by the MGCF to request from the MOW the detection of telephony events signalled within RTP 
according to RFC 4733 [105] and the notification of received telephony events. This procedure is the same as that is 
defined in the subclause ""Detect DTMF"" in 3GPP TS 23.205 [27]. 

Table 29: VOID 



9.3.1 .6 Notify IMS RTP Tel event 

This procedure is used by the MGW to notify the MGCF about the detection of telephony events signalled within RTP 
according to RFC 4733 [105]. This procedure is the same as that defined in the subclause "Report DTMF" in 
3GPPTS 23.205 [27]. 

Table 30: VOID 



9.3.1.7 Void 

9.3.1 .8 Send IMS RTP Tel event 

This procedure is used by the MGCF to request from the MGW to signal a telephone event within RTP according to 
RFC 4733 [105]. This procedure is the same as that defined in the subclause "Send DTMF" in 3GPP TS 23.205 [27]. 

9.3.1 .9 Stop IMS RTP Tel event 

This procedure is used by the MGW to request from the MGW to stop signalling a telephone event within RTP 
according to RFC 4733 [105]. This procedure is the same as that defined in the subclause "Stop DTMF" in 
3GPPTS 23.205 [27]. 
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9.3.1.10 Termination lieartbeat indication 

This procedure is used to report indication of hanging termination. 



Table 30a: Procedures between (G)MSC server and MGW: Hanging termination indication 



Procedure 


Initiated 


Information element 
name 


Information 
element 
required 


Information element description 


Termination 

heartbeat 
indication 


MGW 


Context 


IVl 


This information element indicates the 

context for the bearer termination. 


Bearer Termination 


IVI 


This information element indicates the bearer 
termination for which the termination 
heartbeat is reported. 


Termination heartbeat 


IVl 


Hanging Termination event, as defined in 
3GPPTS 29.332 [15]. 


Termination 
heartbeat 
indication Acl< 


(G)MSC-S 


Context 


M 


This information element indicates the 
context where the command was executed. 



9.3.1 .1 1 IMS Bearer Released 

This procedure is used by the IM-MGW to indicate towards the MGCF that an error occured on an IMS termination 
which requires the release of the termination. This procedure is the same as that defined in the subclause "Bearer 
Released" in 3GPP TS 23.205 [27]. 

9.3.1 .12 End IMS RTP Tel event 

This procedure is used by the MGCF to indicate to the IM-MGW to stop detection of telephony events signalled within 
RTP according to IETF RFC 4733 [105]. This procedure is the same as that is defined in the subclause "Stop Detect 
DTMF" in 3GPP TS 23.205 [27]. 

9.3.1.13 IMS Send Tone 

This procedure is used by the MGCF to order the IM-MGW to generate a tone at termination towards IMS. This 
procedure is the same as that defined in the subclause "Send Tone" in 3GPP TS 23.205 [27]. 

9.3.1.14 IMS Stop Tone 

This procedure is used by the the MGCF to order the IM-MGW to stop generating a tone at a termination towards IMS 
This procedure is the same as that defined in the subclause "Stop Tone" in 3GPP TS 23.205 [27]. 

9.3.1.15 IMS Tone Completed 

This procedure is used by the IM-MGW to indicate to the MGCF that a tone has finished being generated at a 
termination. This procedure is the same as that defined in the subclause "Tone Completed" in 3GPP TS 23.205 [27]. 

9.3.2 Procedures related to a termination towards an ISUP network 

A mapping of the procedures defined here to H.248 procedures and parameters is provided in 3GPP TS 29.332 [15]. 

9.3.2.1 Reserve TDM circuit 

This procedure is used by the MGCF to reserve a TDM circuit in the IM-MGW towards the preceding/succeeding CS 
network element. 
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Table 31 : Reserve TDM circuit procedure 



Procedure 


initiated 


information element 
name 


information 
element 
required 


Information element description 


Reserve TDM 
Circuit 


MGCF 


Context/Context 
Request 


M 


This information element indicates the 
existing context or requests a new context 
for the bearer termination. 


Bearer Termination 


M 


This information element indicates the 
physical bearer termination for the TDM 

pirpi lit 


Bearer Service 

Characteristics 


M 


This information element indicates the 

bearer service requested by the user. 


Notify termination 
heartbeat 





This information element requesets 
termination heartbeat indications. 


Notify Released 
Bearer 





This information element requests a 
notification of a released bearer 


Reserve Circuit 
Acl< 


IIVI-MGW 


Context 


M 


This information element indicates the 
context where the command was executed. 



9.3.2.2 Change TDM through-connection 



This procedure is used by the MGCF to modify the through-connection (forward, backward, both-way, inactive) of a 
TDM termination at the IM-MGW towards the PSTN. 

This procedme is the same as Change Through Connection in TS 23.205 [27]. 

9.3.2.3 Activate TDM voice-processing function 

This procedure is used by the MGCF to activate or de-activate a voice processing fimction of a TDM termination at the 
IM-MGW towards the PSTN. This voice processing function may include a cancellation for electronic echoes. 

This procedure is the same as Activate Voice Processing Function in 3GPP TS 23.205 [27]. 

9.3.2.4 Send TDM tone 

This procedure is used by the MGCF to order the IM-MGW to generate a tone at a TDM termination towards the 
PSTN. 

This procedure is the same as Send Tone in 3GPP TS 23.205 [27]. 

9.3.2.5 Stop TDM tone 

This procedure is used by the MGCF to order the IM-MGW to stop generating a tone at a TDM termination towards the 
PSTN. 

This procedure is the same as Stop tone in 3GPP TS 23.205 [27]. 

9.3.2.6 Play TDM announcement 

This procedure is used by the MGCF to order the IM-MGW to generate an announcement at a TDM termination 
towards the PSTN. The MGCF may request a notification that the announcement is completed. This procedure is the 
same as Play Announcement in 3GPP TS 23.205 [27]. This procedure is optional. 

9.3.2.7 TDM announcement completed 

This procedure is used by the IM-MGW to notify the MGCF that an announcement at a TDM termination towards the 
PSTN is completed. This procedure is the same as Announcement Completed in 3GPP TS 23.205 [27]. This procedure 
is optional. 
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9.3.2.8 Stop TDM announcement 

This procedure is the same as Stop Announcement 3GPP TS 23.205 [27]. This procedure is used by the MGCF to order 
the IM-MGW to stop generating an announcement at a TDM termination towards the PSTN. This procedure is optional. 

9.3.2.9 Continuity clieck 

This procedure is used by the MGCF to order the IM-MGW to generate a continuity check tone at a TDM termination 
towards the PSTN and to inform the MGCF about the resuh of the continuity check as soon as the continuity check tone 
is received or a time-out occurs. This procedure is optional. 



Table 32: Continuity checic procedure 



Procedure 


initiated 


information eiement 
name 


Information 
element 
required 


Information element description 


Continuity checl< 


MGCF 


Context/Context 
Request 


M 


Tfiis information element indicates tfie 
existing context or requests a new context 
for the bearer termination. 






TDM Termination 


M 


Tfiis information element indicates the 
existing bearer termination 






Request for continuity 

tone sending 


M 


This information request the IM-MGW to 

apply the continuity check procedure on the 
indicated TDM termination 






Request for continuity 
Gliecl< tone detection 


M 


This information request the IM-MGW to 
inform e continuity check procedure on the 
indicated TDM termination 



9.3.2.10 Continuity clieck verify 



This procedure is used by the IM-MGW to indicate towards the MGCF that the continuity check at a TDM termination 
towards the PSTN has been completed and to return the result of the check: success or failure. This procedure is 
optional. 



Table 33: Continuity check verify procedure 



Procedure 


Initiated 


Information element 
name 


Information 
element 
required 


Information element description 


Continuity check 
Verify 


IM-MGW 


Context/t 


M 


This information element indicates the 
context where the command was executed. 






TDM Termination 


M 


This information element indicates the TDM 
termination involved in the procedure 






Outcome of the 
continuity check 


M 


This information element indicates the 
outcome of the continuity check 
(successful/unsuccessful) 



9.3.2.1 1 Continuity check response 



This procedure is used by the MGCF to order the IM-MGW to loop back an incoming continuity check tone at a TDM 
termination towards the PSTN. This procedure is optional. 
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Table 34: Continuity cliecl( response procedure 



Procedure 


initiated 


Information element 
name 


information 
eiement 

rci|Uircu 


Information eiement description 


Continuity check 
response 


MGCF 


Context/Context 
Request 


M 


Tfiis information element indicates the 
existing context or requests a new context 
for the bearer termination. 






TDM Termination 


M 


This information element indicates the 
existing bearer termination 






Request for loop bacl< 
of tfie continuity tone 


M 


This information request the IM-MGW to 
loop back the continuity check tone on the 
indicated TDM termination 



9.3.2.12 Release TDM termination 



This procedure is used by the MGCF to release a TDM termination at the IM-MGW towards the PSTN and tree all 
related resources. 



Table 35: Release TDIUI termination procedure 



Procedure 


Initiated 


information eiement 
name 


information 
eiement 
required 


Information eiement description 


Release TDM 
Termination 


MGCF 


Context 


M 


This information element indicates the 
context for the bearer termination. 


Bearer Termination 


M 


This information element indicates the bearer 
termination to be released. 


Release TDM 
Termination Ack 


IM-MGW 


Context 


M 


This information element indicates the 

context where the command was executed. 


Bearer Termination 


M 


This information element indicates the bearer 
termination where the command was 
executed. 



9.3.2.13 Termination Out-of-Service 

This procedure is used by the IM-MGW to indicate towards the MGCF that one or several physical termination(s) will 
go out of service. This procedure is the same as Termination Out-of-Service in 3GPP TS 23.205 [27]. 

9.3.2.14 Termination lieartbeat indication 

This procedure is used to report indication of hanging termination. 



Table 35a: Procedures between (G)MSC server and MGW: Hanging termination indication 



Procedure 


Initiated 


information eiement 
name 


information 
element 
required 


Information element description 


Termination 
heartbeat 
indication 


MGW 


Context 


M 


This information element indicates the 
context for the bearer termination. 


Bearer Termination 


M 


This information element indicates the bearer 
termination for which the termination 
heartbeat is reported. 


Termination heartbeat 


M 


Hanging termination event, as defined in 
3GPPTS 29.332 [15]. 


Termination 
heartbeat 
indication Ack 


(G)MSC-S 


Context 


M 


This information element indicates the 
context where the command was executed. 
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9.3.2.15 Bearer Released 

This procedure is used by the IM-MGW to indicate towards the MGCF that an error occured on a physical termination 
which requires the release of the termination. This procedure is the same as Bearer Released in 3GPP TS 23.205 [27]. 

9.3.2.16 TDM tone completed 

This procediu'e is used by the IM-MGW to MGCF to indicate that a tone has finished being generated at a TDM 
termination. 

This procedure is the same as Tone Completed in 3GPP TS 23.205 [27]. 

9.3.3 Procedures related to a termination towards a BICC network 

The call related procedures detailed in table 36 shall be supported. Those procedures are defined in 3GPP TS 29.332 
[15]. 



Table 36: Required procedures defined in 3GPP TS 29.332 



Procedure defined in 3GPP TS 29.332 


Remarlcs 


Establish Bearer 




Prepare Bearer 




Change Through-Connection 




Release Bearer 




Release Termination 




Bearer Established 




Bearer Released 




Send Tone 




Stop Tone 




Tone completed 




Play Announcement 


Optional 


Stop Announcement 


Optional 


Announcement Completed 


Optional 


Confirm Char 


Optional 


Modify Bearer Characteristics 


Optional 


Reserve Char 


Optional 


Bearer Modified 


Optional 


Activate Voice Processing Function 


Optional 


Tunnel Information Down 


Conditional: For IP Transport at 




BICC termination 


Tunnel Information Up 


Conditional: For IP Transport at 




BICC termination 


Termination Out-of-Service 




Termination heartbeat indication 





9.3.4 Non-call related procedures 

The procedures from 3GPP TS 23.205 [27] detailed in table 37 shall be applied for the IM-MGW handling component of the Mn 
interface. 
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Table 37: Non-call related procedures 



Procedure defined in 
3GPP TS 29.332 [15] 


Corresponding Procedure defined 

- ^ A -^p ^\ A A A A ^ r A^^ 

in 3GPP TS 23.205 [27] 


Remarks 


iM-MCaW Out OT service 


MuW Out ot bervice 




IM-MGW Communication Up 


MGW Communication Up 




IIVi-IVIGW Restoration 


MGW Restoration 




IIVI-MGW Register 


MGW Register 




liVI-MGW Re-register 


MGW Re-register 




IVIGCF Ordered Re-register 


(G)MSC Server Ordered Re-register 




MGCF Restoration 


(G)MSC Server Restoration 




MGGF Out of Service 


(G)MSC Server Out of Service 




Termination Out-of-Service 


Termination Out-of-Service 


The 'Termination Out-of-Service 
procedure" is used as call-related 
H.248 command as well 


Termination Restoration 


Termination Restoration 




Audit Value 


Audit Value 




Audit Capability 


Audit Capability 




Command Rejected 


Command Rejected 


The "Command Rejected" procedure 

mav hp hqpH in rp<;rir»n<;p hoth \n 

1 1 ICly LIOCU III 1 CoUUI loC k^Ull 1 L\J 

call-related and non-call-related 
H.248 Commands. 


IIVI-MGW Capability Change 


Capability Update 




IIVI-MGW Resource Congestion 
Handling - Activate 


MGW Resource Congestion 
Handling - Activate 




IM-MGW Resource Congestion 
Handling - Indication 


MGW Resource Congestion 
Handling - Indication 




Control association monitoring 


Control association monitoring 




Inactivity timeout activation 


Inactivity timeout activation 




Inactivity timeout indication 


Inactivity timeout indication 




Hanging termination detection 


Hanging termination detection 




Hanging termination detection 


Hanging termination detection 





9.3.5 Multiple IP Realms 

The procedures to support multiple IP realms in the present Clause are optional. 
Figure 9.3.5.1 shows a scenario where multiple IP realms are appUed. 




Figure 9.3.5.1 Multiple IP realms scenario 

Shown in Figure 9.3.5, the IM CNl and CS CNl represent separate IP realms. The definition of IP realm is specified in 
IETF RFC 2663 [90]. 

The termination! and termination2 are connected with different IP realms in the IM-MGW separately. 
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For establishing session when multiple IP realms are used in the IM-MGW, the MGCF may indicate the IP realm 
identifier to the IM-MGW. The IM-MGW shall assign the IP termination with the indicated IP realm. 

A default IP realm may be configured in IM-MGW such that if the IM-MGW has not received the IP realm identifier 
and the IM-MGW supports multiple IP realms then the default IP realm shall be used. 

If the IM-MGW does not support the option to indicate an IP realm then it is free to select any IP port. 
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Annex A (informative): 

Summary of differences items between 3GPP TS 29.163 
and ITU-T Q.1912.5 



The present document specifies the principles of interworking between the 3GPP IM CN subsystem and BICC/ISUP 
based legacy CS networks, in order to support IMS basic voice calls. A specification exists in the ITU-T that covers 
similar work: Interworking between Session Initiation Protocol (SIP) and Bearer Independent Call Control Protocol or 
ISDN User Part. (ITU-T Q.I9I2.5 [49]) in order to support services that can be commonly supported by BICC or ISUP 
and SIP based network domains. Three profiles are described in the ITU-T specification: A, B, and C. Profile B and C 
are out of the scope of the present specification. 

3GPP intends to strive for alignment with ITU-T Q.1912.5 [49], however some differences exist. This annex contains a 
list of these differences. Future revisions of this document will seek to incorporate text to address these differences. 

This Annex is intended as an informative tool for the designer community and operators to understand the main 
differences between 3GPP and ITU recommendations for the SIP-BICC/ISUP interworking. 

The Ust of differences between TS 29.163 and ITU-T Q.1912.5 [49] is referred to profile A of the latter. 



A.1 List of differences 

1. TablelO (TS 29.163) vs. Table 22/Q.1912.5 (ITU-T Q.1912.5 [49]) 

Extra entry comprising the case when SIP procedures result in release after answer. 

2. Tablell (TS 29.163) vs. Table 25/Q.1912.5 (ITU-T Q.1912.5 [49]) 

Hostportion was removed in 3GPP table. 

3. Table 12 (TS 29.163) vs. Table 27/Q.1912.5 (ITU-T Q.1912.5 [49]) 

Use of Tel URL instead of Addr-spec. 

4. Table 13 (TS 29.163) vs. Table 28/Q.1912.5 (ITU-T Q.1912.5 [49]) 

Address signal is not mapped. 

5. Table 14 (TS 29.163) vs. Table 29/Q.1912.5 (ITU-T Q.1912.5 [49]) 

Tel URL used instead of Addr-spec. 

6. Satellite indicator 

It is set to "00 No satellite circuit in the connection". While in ITU-T Q.1912.5 [49] is set to "01 one satellite circuit 
in the connection" 

7. The mapping of the Reason Header and the Location Field mapping is missing in the 3GPP specification, whereas in 
ITU is specified. 

The reason for this is that the Reason Header was included in IMS only as optional. As the reason header is optional, 
it can be proprietary interworked and in that case ITU-T mapping recommendation can be used. 

8. COLP/COLR Service interworked is included in 29.163, and left FFS in ITU-T Q.1912.5 [49] 
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Annex B (normative): 

Codec Negotiation between a BICC CS network and the IM 
CN subsystem 

B.1 Introduction 

This annex describes optional procedures for interworking of codec negotiation between a BICC CS network and the 
IM CN subsystem. 

B.2 Control plane interworking 

The following optional procedures apply in addition to the procedures of clause 7.3 when both the BICC CS network 
and the IM CN subsystem support codec negotiation. AU five variations of the bearer set-up procedures defined in 
clauses 7.4 and 7.5 of ITU-T Q. 1902.4 [30] are supported. The codec negotiation procedures are also independent of the 
procedures for interworking between continuity procedures and SDP preconditions. 

B.2.1 Incoming call intenworking from SIP to BICC at l-MGCF 
B.2.1.1 Sending of lAM 

When the I-MGCF receives an INVITE with SDP offer, the I-MGCF shall follow the procedures of clause B.2.5 to 
convert the hst of codecs in the SDP offer into a Supported Codec List for transmission in the outgoing lAM, according 
to clause 8.3.1 of ITU-T Q.1902.4 [30], and deleting those codecs not supported at the IM-MGW. When generating the 
Supported Codec List, the I-MGCF should add to the SDP offer all codec configurations for which it can provide 
transcoding. The l-MGCF shall allocate any IM-MGW resources as necessary to support the chosen bearer set-up 
procedures towards the BICC CS network. 

When the I-MGCF receives an INVITE without SDP offer, the I-MGCF shall continue call establishment without 
interworking of codec negotiation procedures. The mid-caU interworking procedures of clause B.2. 3 and clause B.2.4 
may still apply. 

B.2.1 .2 Sending of SDP answer 

The I-MGCF shall suspend the SDP answer procedure until it receives backward codec information from the BICC 
serving node terminating codec negotiation. When the I-MGCF receives the backward codec information, it shall select 
a codec configuration for use on the bearer interface to the IM CN subsystem from the codecs in the SDP offer, format 
an SDP answer based on this selected codec, send the SDP answer to the offerer in the appropriate SIP message (e.g., a 
reliable 18x response), and complete bearer establishment procedures. To avoid allocating a transcoder at the IM- 
MGW, the I-MGCF should preferably select a codec for the IM CN subsystem by converting the Selected Codec from 
the BICC CS network into an SDP answer according to the procedures of clause B.2.5, if allowed by the SDP 
offer/answer rules. Otherwise the I-MGCF should select the highest priority codec from the codecs in the received SDP 
offer supported by the IM-MGW for insertion in the SDP answer. Note that the I-MGCF stores the Available Codec 
List and does not send it to the offerer in the SDP answer. Codec negotiation is complete so it is not necessary for the 
offerer to begin a second phase offer/answer exchange using the PRACK request. 

B.2.2 Outgoing call intenworking from BICC to SIP at 0-MGCF 
B.2.2.1 Sending of INVITE 

When the O-MGCF receives an lAM, the O-MGCF shall follow the procedures of clause B.2.5 to convert the 
Supported Codec List from the lAM into an SDP offer for transmission in the outgoing INVITE request, according to 
RFC 3264, deleting those codecs not supported at the IM-MGW. When generating the SDP offer, the O-MGCF should 
include all codec configurations for which it can provide transcoding in addition to those converted from the Supported 
Codec List. The O-MGCF shaU include at least one AMR codec configuration in the SDP offer. The O-MGCF shaU 
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allocate any IM-MGW resources as necessary to support the inclusion of session address information in the SDP offer 
towards the IM CN subsystem. 



The O-MGCF shall suspend the incoming bearer set-up procedure while waiting for receipt of the SDP answer from the 
IM CN subsystem. When the O-MGCF receives the SDP answer while suspending the incoming bearer set-up 
procedure, it shall select a codec configuration for use on the bearer interface to the IM CN subsystem from the codecs 
in the SDP answer, construct the Available Codec List for the BICC CS network from the list of codecs received in the 
Supported Codec List by removing codecs not supported at the IM-MGW, choose the Selected Codec for the BICC CS 
network from the codecs in the Available Codec List, initiate the second SDP offer/answer exchange with the IM CN 
subsystem using the codec selected for the IM CN subsystem, if necessary, and resume the incoming bearer set-up 
procedure in the BICC CS network. The O-MGCF should select codecs for the bearer interfaces to the BICC CS 
network and IM CN subsystem in such a way as to avoid transcoding at the IM-MGW and minimize speech 
degradation, if possible, according to clause B.2.5. Otherwise the O-MGCF should choose the highest priority codec 
from the Available Codec List as the Selected Codec for the BICC CS network, and the highest priority codec from the 
codecs in the SDP answer as the codec for the IM CN subsystem. If the SDP answer only included a single voice codec, 
then there is no need for a second SDP offer/answer exchange, and the codec selected for the IM CN subsystem is the 
codec in the SDP answer. 

Certain BICC timers or events can force completion of the incoming bearer set-up procedure before the O-MGCF 
receives the SDP answer from the IM CN subsystem. In this case, the O-MGCF shall perform the terminating codec 
negotiation procedure according to clause 8.3.3 of ITU-T Q. 1902.4 [30], including all supported codecs in the Available 
Codec List, and shall resume the incoming bearer set-up procedure without waiting any longer for the SDP answer. 

When an SDP answer arrives from the IM CN subsystem in response to the SDP offer in an INVITE request after the 
BICC incoming bearer set-up procedure has started, the O-MGCF shall select a codec configuration for use on the 
bearer interface to the IM CN subsystem from the codecs in the SDP answer, choose a new Selected Codec for the 
BICC CS network from the codecs in the Available Codec List constructed during incoming bearer set-up, and initiate 
the second SDP offer/answer exchange with the IM CN subsystem using the codec selected for the IM CN subsystem, if 
necessary. The O-MGCF should select codecs for the bearer interfaces to the BICC CS network and IM CN subsystem 
in such a way as to avoid transcoding at the IM-MGW and minimize speech degradation, if possible, according to 
clause B.2.5. Otherwise the O-MGCF should select the highest priority codecs from the available options for the two 
bearer interfaces. If the SDP answer only included a single voice codec, then there is no need for a second SDP 
offer/answer exchange, and the codec selected for the IM CN subsystem is the codec in the SDP answer. When the call 
in the BICC CS network enters a state capable of supporting codec modification, if the new Selected Codec is different 
from the Selected Codec chosen during the incoming bearer set-up procedure for the BICC CS network, the O-MGCF 
should initiate the codec modification procedure towards the BICC CS network using the new Selected Codec, 
according to clause 10.4.1 of ITU-T Q.1902.4 [30]. 



B.2.3 Mid-call interworking from SIP to BICC at l-MGCF or O-MGCF 



When the MGCF receives a SIP message (e.g. UPDATE request or re-INVITE request) with an SDP offer that is not 
associated with incoming call bearer establishment or preconditions, if the call is in a state capable of supporting BICC 
codec negotiation, the MGCF shall follow the procedures of clause B.2.5 to convert the list of codecs in the SDP offer 
into a Supported Codec List, delete those codecs in the Supported Codec List not supported at the IM-MGW, and 
initiate the mid-call codec negotiation procedure according to clause 10.4.4 of ITU-T Q.1902.4 [30], by sending an 
APM with the Supported Codec List and an Action indicator set to "mid-call codec negotiation". When generating the 
Supported Codec List, the MGCF should add to the SDP offer all codec configurations for which it can provide 
transcoding. 

When the MGCF receives a SIP message with an SDP offer that is not associated with incoming call bearer 
estabUshment or preconditions, if the call is not in a state capable of supporting BICC codec negotiation, the MGCF 
shall respond to the SDP offer with existing procedures for the IM CN subsystem. When the call is in a state capable of 
supporting BICC codec negotiation, the MGCF may send a re-INVITE request without SDP towards the IM CN 
subsystem, soliciting a response with an SDP offer, thereby restarting the codec negotiation interworking procedure. 



B.2.2.2 



Responding to serving node initiating codec negotiation 



B.2.3.1 



Receipt of SDP offer 
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B.2.3.2 Generating SDP answer 

After initiating a BICC codec negotiation procedure towards the BICC CS network in response to receipt of a SIP 
message with an SDP offer from the IM CN subsystem, the MGCF shall suspend the SDP answer procedure until it 
receives codec information from the succeeding BICC serving node. If the succeeding serving node returns a successful 
response, the MGCF shall select a codec configuration for use on the bearer interface to the IM CN subsystem from the 
codecs in the SDP offer, format an SDP answer based on this selected codec, send the SDP answer to the offerer in the 
appropriate SIP message (e.g. 200 OK (UPDATE) or 200 OK (INVITE)), send an APM to the succeeding serving node 
with an Action indicator set to "successful codec modification", and complete bearer establishment procedures. To 
avoid allocating a transcoder at the IM-MGW, the MGCF should preferably select a codec for the IM CN subsystem by 
converting the Selected Codec from the BICC CS network into an SDP answer according to the procedures of clause 
B.2.5, if allowed by the SDP offer/answer rules. Otherwise the MGCF should select the highest priority codec from the 
codecs in the received SDP offer supported by the IM-MGW for insertion in the SDP answer. Note that the MGCF 
stores the Available Codec List and does not send it to the offerer in the SDP answer. 

If the succeeding serving node returns an Action indicator set to "mid-call codec negotiation failure", the MGCF either 
should send a 488 response to the SDP offerer indicating rejection of the initial SDP offer, or should select the highest 
priority codec from the codecs in the received SDP offer supported by the IM-MGW, format an SDP answer based on 
this selected codec, and send the SDP answer to the offerer in the appropriate SIP message. If the MGCF sends a 488 
response to the SDP offerer, it should continue the call with the bearer configuration in place before initiating this codec 
negotiation procedure. 

B.2.4 Mid-call interworking from BICC to SIP at l-MGCF or 0-MGCF 
B.2.4.1 Receipt of mid-call codec negotiation request 

When the MGCF receives an APM with an Action indicator set to "mid-call codec negotiation", the MGCF shall follow 
the procedures of clause B.2.5 to convert the Supported Codec List from the APM into an SDP offer for transmission in 
an appropriate SIP message (e.g. re-INVITE request) towards the IM CN subsystem, according to RFC 3264 [36], 
deleting those codecs not supported at the IM-MGW. When generating the SDP offer, the MGCF should include all 
codec configurations for which it can provide transcoding in addition to those converted from the Supported Codec List. 
The MGCF shall include at least one AMR codec configuration in the SDP offer. 

B.2.4.2 Responding to serving node initiating mid-call codec negotiation 

The MGCF shall delay responding to the mid-call codec negotiation from the BICC CS network until it receives a 
response to the SDP offer from the IM CN subsystem. If the MGCF receives an SDP answer, it shall construct the 
Available Codec List for the BICC CS network from the list of codecs received in the Supported Codec List by 
removing codecs not supported at the IM-MGW, choose the Selected Codec for the BICC CS network from the codecs 
in the Available Codec List, and complete the mid-call codec negotiation procedure towards the preceding serving node 
according to clause 10.4.5 of ITU-T Q.1902.4 [30]. The MGCF should choose the Selected Codec for the BICC CS 
network in such a way as to avoid transcoding at the IM-MGW and minimize speech degradation, if possible, according 
to clause B.2.5. Otherwise the MGCF should choose the highest priority codec from the Available Codec List for the 
Selected Codec for the BICC CS network. If the MGCF receives an APM from the preceding serving node with an 
Action indicator set to "codec modification failure", then the MGCF may initiate a new SDP offer/answer exchange 
towards the IM CN subsystem in an attempt to recreate the bearer configuration in place before this codec negotiation 
procedure began. 

If the MGCF receives a 488 response or other failure response (e.g. 3xx-6xx) to the SDP offer, either it should reject the 
mid-call codec negotiation from the BICC CS network by sending an APM with an Action indicator set to "mid-call 
codec negotiation failure" towards the preceding serving node, or it should continue as if it received an SDP answer 
with no change in codec selected for the IM CN subsystem. If the MGCF sends an APM with an Action indicator set to 
"mid-call codec negotiation failure", it should continue the call with the bearer configuration in place before initiating 
this codec negotiation procedure. 

B.2.4.3 Receipt of codec modification request 

If the MGCF receives an APM from a BICC CS network that includes an Action indicator set to "modify codec" with 
no change in the selected codec, it shall act as a serving node terminating codec modification, according to clause 10.4.2 
of ITU-T Q.1902.4 [30], without interworking the procedure with the IM CN subsystem. 
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If the MGCF receives an APM from a BICC CS network that includes an Action indicator set to "modify codec" and 
the new selected codec in the message is different from the Selected Codec at the IM-MGW bearer interface to the 
BICC CS network, the MGCF either may act as a serving node terminating codec modification, according to clause 
10.4.2 of ITU-T Q. 1902.4 [30], without interworking the procedure with the IM CN subsystem, or may follow the 
procedures of clause B.2.5 to convert the new Available Codec List (with new priority order) from the APM into an 
SDP offer for transmission in an appropriate SIP message (e.g. re-INVITE request) towards the IM CN subsystem, 
according to RFC 3264 [36], deleting those codecs not supported at the IM-MGW. When generating the SDP offer, the 
MGCF should include all codec configurations for which it can provide transcoding in addition to those converted from 
the new Available Codec List. The MGCF shall include at least one AMR codec configuration in the SDP offer. 

If the MGCF sends a SIP message with an SDP offer towards the IM CN subsystem in response to receipt of a BICC 
codec modification request, then it shall delay responding to the BICC codec modification request until it receives a 
response to the SDP offer from the IM CN subsystem. When the MGCF receives either an SDP answer or a rejection of 
the SDP offer within the appropriate SIP message (e.g. 200 OK (INVITE)) from the IM CN subsystem, it shall decide 
whether to accept or reject the BICC codec modification procedure and complete the procedure for a BICC serving 
node terminating codec modification, according to clause 10.4.2 of ITU-T Q. 1902.4 [30]. 

If the MGCF sends an APM with an Action indicator set to "codec modification failure" in response to receipt of a 
codec modification request, the preceding BICC serving node may retry the request with a mid-call codec negotiation 
using an APM including an Action indicator set to "mid-call negotiation" and a Supported Codec List with a new 
priority order encouraging selection of a new codec. 

B.2.5 Codec parameter translation between BICC CS network and the IM 
CN subsystem 

The IM CN subsystem uses the Session Description Protocol (SDP, defined in RFC 2327 [56]) to select and potentially 
re-negotiate the codec type and configuration and associated bearer format attributes to be used in the user plane. RFC 
3550 [5 1] defines the Real Time Protocol (RTP) for framing of all codecs in the user plane, RFC 355 1 [52] and RFC 
3555 [53] define the framing details for many of the ITU-T codecs, and RFC 3267 [23] defines framing details for the 
AMR family of codecs. This clause will focus only on codec-specific SDP parameters not already constrained by clause 
5.1.1 of TS 26.236 [32]. The signalling plane of the IM CN subsystem uses SDP offer/answer procedures defined in 
RFC 3264 [36] to select the desired codec type and configuration for the user plane from a prioritized list of codec types 
and configurations and to re-negotiate the user plane attributes as necessary. 

The bearer independent CS network uses the Single Codec and Codec List information elements of the Application 
Transport Mechanism (APM) defined in ITU-T Q.765.5 [35] to negotiate (offer and select) and potentially re-negotiate 
the codec type and configuration and associated bearer format attributes to be used in the user plane. TS 29.414 [25] 
and TS 29.415 [26] define the luFP framing protocol for all codecs in the user plane for both ATM and IP transport, and 
TS 26.102 [50] provides the framing details for AMR and PCM family codecs. The Codec List information element of 
the APM comprises multiple instances of the Single Codec information element in priority order, as shown in Figure 13 
of ITU-T Q.765.5 [35]. Figure 14 of ITU-T Q.765.5 [35] defines the Single Codec information element. Clause 11.1.7.2 
of mj-T Q.765.5 [35] defines the encoding of the Single Codec information element for the ITU-T codecs. TS 26.103 
[57] defines the encoding of the Single Codec information element for the 3GPP codecs, and Table 7.11.3.1.3-2 of TS 
28.062 [58] defines the preferred configurations of the narrowband AMR codecs (Config-NB-Code) for interoperation 
with TFO. The signalling plane of the bearer independent CS network uses the APM to negotiate the desired codec type 
and configuration for the user plane from the prioritized list of codec types and to re-negotiate the user plane attributes 
as necessary. 

The following subclauses define the translations between the SDP payload format parameters of the IM CN subsystem 
and the corresponding subfields of the Single Codec information element of the bearer independent CS network for 
certain 3GPP and ITU-T codecs. Following these translation rules will in many cases allow the IM-MGW to perform 
interworking between the framing protocols on the bearer interfaces to the BICC CS network and the IM CN subsystem 
without transcoding. Implementations may signal other codec types not Usted herein or other codec configurations of 
codec types listed herein. Implementations may also choose to perform transcoding between codec configurations 
signalled separately for the bearer interfaces to the networks, if necessary, but voice quality may suffer. 

B.2.5. 1 Codec parameters for 3GPP AMR-NB codecs 

Table B.l shows the correspondence between the codec format parameters in the Single Codec information element (TS 
26.103 [57]) and the SDP for the 3GPP narrowband AMR codecs (RFC 3267 [23]). 
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Table B.1 : Mapping between Single Codec subfields and SDP parameters for 3GPP AMR-NB codecs 



Single Codec information element 


SDP payload format parameters 


Codec 
IDentification 


ACS, SCS, OM, 
MACS 


Payload 
Type number 


Encoding 
name 


Other Parameters 

(NOTE 1) (NOTE 2) 


FR AMR or 
OHR AMR or 
HR AMR 


OM=0 or 

Selected Codec Type 


dynamic 


AMR 


mode-set=values corresponding to 
ACS (NOTE 3) 


FR AMR or 
OHR_AMR or 
HR_AMR 


(0M=1 or OM not 
present) and 
(Supported Codec List 
or Available Codec 

List) 


dynamic 


AMR 


mode-set=select from values 
corresponding to ACS, SCS and 
MACS (NOTE 3) 


UMTS_AMR 


OM=0 or 

Selected Codec Type 


dynamic 


AMR 


mode-set=values corresponding to 
ACS 


UMTS_AMR 


(0M=1 or OM not 
present) and 
(Supported Codec List 
or Available Codec 
List) 


dynamic 


AMR 


mode-set=select from values 
corresponding to ACS, SCS and 
MACS (NOTE 4) 


UMTS_AMR_2 


OM=0 or 

Selected Codec Type 


dynamic 


AMR 


mode-set=values corresponding to 
ACS (NOTE 5) 


UMTS_AMR_2 


(0M=1 or OM not 
present) and 
(Supported Codec List 
or Available Codec 
List) 


dynamic 


AMR 


mode-set=select from values 
corresponding to ACS, SCS and 
MACS (NOTE 3) (NOTE 5) 


NOTE 1 : Table 1 of RFC 3267 [23] provides tiie correspondence between codec rates and AMR modes for use wfien 
generating \Ue "mode-set" parameter. Wtien all modes are selected for use, the "mode-set" parameter shall 
not be included in SDP. 

NOTE 2: SDP payload format configurations in this table with only one value in the "mode-set" parameter shall not 

include the "mode-change-period" and "mode-change-neighbor" parameters. 
NOTE 3: Payload types for FR_AMR, OHR_AMR and HR_AMR with more than one value in the "mode-set" parameter 

shall include the "mode-change-period=2" parameter and should include the "mode-change-neighbor=1" 

parameter. 

NOTE 4: RFC 3267 [23] does not currently provide a mechanism to signal the SCS, MACS or OM parameters in SDP, 
nor does it distinguish between the different AMR-NB codec types. Each AMR-NB codec type in the 
Supported Codec List or the Available Codec List with 0M=1 should be translated into a list of SDP payload 
formats in priority order, where each includes a "mode-set" parameter with a unique value derived from the 
ACS, SCS and MACS. Each "mode-set" should correspond to a codec configuration that is compatible with 
the given codec type according to the compatibility rules defined in clauses 1 1 and 12 of TS 28.062 [58]. 

NOTE 5: Payload types for UMTS_AMR_2 should include the "mode-change-period=2" and "mode-change-neighbor=1" 
parameters, normally used for signalling GSM AMR codecs, to assure end-to-end interoperability with OoBTC 
and TFO. Its actual capabilities would otherwise be signalled without these two parameters. 



Definitions: 

Supported Codec List: contains the offered Codec Types and Configuration-possibilities of the node initiating codec 
negotiation in BICC (see also TS 23.153). The Supported Codec List is sent from the initiating node forward to the 
terminating node. The Supported Codec List corresponds to an SDP offer during codec negotiation.. 

Available Codec List: contains the offered Codec Types and Configuration-possibilities of the contiguous portion of 
the connection between initiating and terminating BICC nodes, including all intermediate nodes through the BICC 
network(s). The Available Codec List is sent from the BICC node terminating codec negotiation backward to the 
initiating node. The Available Codec List corresponds to information sometimes available in a first-round SDP answer. 
The Available Codec List might not represent an end-to-end view of the available Codec Types and Configuration- 
possibilities when traversing both BICC and SIP networks. 

Selected Codec Type: is determined by the node terminating codec negotiation. It specifies exactly the Codec Type and 
one unique Codec Configuration for the call. The Selected Codec Type corresponds to the final SDP answer. 

When translating from a Single Codec information element to the equivalent SDP payload format parameters, where 
either OM=0 (in the Supported or Available Codec List) or the information element is the Selected Codec Type, the 
SDP shall include a single payload type and any associated parameters from the corresponding row in Table B.l. When 
translating from a Single Codec information element to the equivalent SDP payload format parameters, where OM=l in 
the Supported or Available Codec List, the SDP shall only include payload formats corresponding to Codec 
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Configurations compatible with the offered ACS, SCS and MACS, according to Table B.l. Since the number of 
compatible payload formats can be large, implementations should select a reasonable subset of the higher-priority 
payload formats for inclusion in the SDP. When translating a list of Single Codec information elements into SDP, 
duplicate payload types (matching on all parameters) shall be removed. 

The following guidelines shall apply when translating from an SDP payload format specification to a Single Codec 
information element: 

- If there is no "mode-set" parameter for a payload format in the SDP and the SDP is to be translated into a 
Supported or Available Codec List, then the corresponding Single Codec subfields shall be OM=l, MACS=8, all 
SCS modes offered, and ACS modes offered. Alternatively it is sufficient to specify only the Codec Type (see 
below) and omit the other parameters. 

- If there is no "mode-set" parameter for a payload format in an SDP answer that is to be translated into a Selected 
Codec Type, then the corresponding Single Codec subfields shall be derived from the payload type in the SDP 
offer (to which the SDP answer was sent in response). 

- If there is a "mode-set" parameter for a payload format in the SDP, then the corresponding Single Codec 
subfields shall be OM=0 and ACS modes selected according to the value of "mode-set". The SCS shall be set 
identical to the ACS and MACS shall be set to the number of modes in the ACS. If this "mode-set" does not 
represent a valid configuration for the Codec Type (determined by OoBTC procedures), then the payload format 
shall not be translated. 

If a payload format in an SDP offer that is to be translated into a Supported Codec List includes "mode-change- 
period=2", then the Codec IDentification value for the corresponding Single Codec shall be FR_AMR. 

- If a payload format in an SDP answer that is to be translated into a Selected Codec Type or Available Codec List 
includes "mode-change-period=2", then the Codec IDentification value for the corresponding Single Codec shall 
be one of FR_AMR, HR_AMR, OHR_AMR or UMTS_AMR_2, if offered in the Supported Codec List. 

- If a payload format in an SDP offer that is to be translated into a Supported Codec List does not include "mode- 
change-period=2", then the Codec IDentification value for the corresponding Single Codec shall be 
UMTS_AMR. 

If a payload format in an SDP answer that is to be translated into a Selected Codec Type or Available Codec List 
does not include "mode-change-period=2", then the Codec IDentification value for the corresponding Single 
Codec shaU be one of UMTS_AMR_2, FR_AMR, HR_AMR, OHR_AMR or UMTS_AMR, if offered in the 
Supported Codec List. 

B.2.5.2 Codec parameters for 3GPP AMR-WB codecs 

Table B.2 shows the correspondence between the codec format parameters in the Single Codec information element (TS 
26.103 [57]) and the SDP for the 3GPP wideband AMR codecs (RFC 3267 [23]). 
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Table B.2: Mapping between Single Codec subfields and SDP parameters for 3GPP AMR-WB codecs 



Single Codec information element 


SDP payload format parameters 


Codec IDentification 


Config-WB-Code 


Payload Type 
number 


Encoding name 


Other Parameters 

(NOTE 1) 


FR_AMR-WB or 
OHR AMR-WB 





dynamic 


AMR-WB 


mode-set=0,1 ,2 


OFR AMR-WB or 





dynamic 


AMR-WB 


mode-set=0,1 ,2 


UMTS AMR-WB 








(NOTE 2) 


OFR_AMR-WB or 


1 


dynamic 


AMR-WB 


mode-set=0,1 ,2 


UMTS_AMR-WB 




dynamic 


AMR-WB 


mode-set=0, 1,2,8 






dynamic 


AMR-WB 


mode-set=0,1 ,2,4 
(NOTE 2) 


OFR AMR-WB or 


2 


dynamic 


AMR-WB 


mode-set=0,1 ,2,4 


UMTS_AMR-WB 








(NOTE 2) 


OFR AMR-WB or 


3 


dynamic 


AMR-WB 


mode-set=0,1 ,2,4 


UMTS_AMR-WB 




dynamic 


AMR-WB 


mode-set=0, 1,2,8 






dynamic 


AMR-WB 


mode-set=0,1,2 
(NOTE 2) 


OFR AMR-WB or 


4 


dynamic 


AMR-WB 


mode-set=0, 1,2,8 


UMTS AMR-WB 








(NOTE 2) 


OFR AMR-WB or 


5 


dynamic 


AMR-WB 


mode-set=0,1,2,8 


UMTS AMR-WB 




dynamic 


AMR-WB 


mode-set=0,1 ,2,4 






dynamic 


AMR-WB 


mode-set=0,1,2 

(NOTE 2) 


NOTE 1 : Payload types for FR_AMR-WB, OHR_AMR-WB and OFR_AMR-WB shall include the 


"mode-change- 


period=2" parameter and should include the "mode-change-neighbor=1" parameter. 
NOTE 2: Payload types for UMTS_AMR-WB should include the "mode-change-period=2" and "mode-change- 
neighbor=1" parameters, normally used for signalling GSM AMR-WB codecs, to assure end-to-end 
interoperability with OoBTC and TFO. Its actual capabilities would othenwise be signalled without these two 


parameters. 











When translating from a Single Codec information element to the equivalent SDP payload format parameters, the SDP 
shall include a distinct payload type and any associated parameters for each row in the table that matches the Config- 
WB-Code parameter. For example, OFR_AMR-WB with Config-WB-Code=3 can generate three SDP payload types 
for AMR-WB, each including the "mode-change-period=2" parameter, the "mode-change-neighbor=l" parameter, and 
the "mode-set" parameter with value sets "0,1,2,4", "0,1,2,8", and "0,1,2", respectively. When translating a Ust of Single 
Codec information elements into SDP, dupUcate payload types (matching on all parameters) shall be removed. 

The following guidelines shall apply when translating from one or more SDP payload format specifications to a Single 
Codec information element: 

Payload formats that match except for different values of "mode-set" shall be represented with the fewest values 
of Config-WB-Code, while retaining the priority represented by the order of the payload formats in the SDP. 
For example, three SDP payload types for AMR-WB, each including the "mode-change-period=2" parameter, 
the "mode-change-neighbor=l" parameter, and the "mode-set" parameter with value sets "0,1,2,4", "0,1,2,8", 
and "0,1,2", respectively, will generate Config-WB-Code=3. 

- If there is no "mode-set" parameter for a payload format in the SDP and the SDP is to be translated into a 
Supported or Available Codec List, then the corresponding Single Codec shall have a Config-WB-Code value of 
1. 

If there is no "mode-set" parameter for a payload format in an SDP answer that is to be translated into a Selected 
Codec Type, then the corresponding Config-WB-Code value shall be derived from the payload type in the SDP 
offer (to which the SDP answer was sent in response). 

- If a payload format in an SDP offer that is to be translated into a Supported Codec List includes "mode-change- 
period=2", then the Codec IDentification value for the corresponding Single Codec shall be OFR_AMR-WB. 

If a payload format in an SDP answer is to be translated into a Selected Codec Type or Available Codec List, 
then the Codec IDentification value for the corresponding Single Codec shall be one of OFR_AMR-WB, 
FR_AMR-WB, OHR_AMR-WB or UMTS_AMR-WB, if offered in the Supported Codec List. 
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If a payload format in an SDP offer that is to be translated into a Supported Codec List does not include "mode- 
change-period=2", then the payload format shall not be translated. 

B.2.5.3 Codec parameters for 3GPP non-AMR codecs 

Table B.3 shows the correspondence between the codec format parameters in the Single Codec information element (TS 
26.103 [57]) and the SDP for the 3GPP non-AMR codecs (RFC 3267 [23], RFC 3551 [52], and RFC 3555 [53]). 



Table B.3: Mapping between Single Codec subfields and SDP parameters for 3GPP non-AIUIR codecs 



Single Codec information element 


SDP payload format parameters 


Codec IDentification 


Payload Type number 


Encoding name 


Other Parameters 


GSM FR 


3 


GSM 




GSM HR 


N/A 


N/A 




GSM EFR (N0TE1) 


dynamic 


GSM-EFR 




GSM EFR (NOTE 2) 


dynamic 


AMR 


mode-set=7 


TDMA EFR (NOTE 2) 


dynamic 


AMR 


mode-set=4 


PDC EFR (NOTE 2) 


dynamic 


AMR 


mode-set=3 


NOTE 1 : This translation for GSM EFR (GSM-EFR) is preferred to tfie alternative (AMR mode-set=7) if it is supported 
by tfie IM-MGW. 

NOTE 2: AMR DTX is not compatible with the DTX schemes for any of the codecs in this list. The IM-MGW may 

support these configurations without transcoding by providing interworking between the DTX procedures and 
frame encodings on the bearer interfaces to the BICC CS network and the IM CN subsystem. 



B.2.5.4 Codec parameters for ITU-T codecs 

Table B.4 shows the correspondence between the codec format parameters in the Single Codec information element 
(Clause 11.1.7 of ITU-T Q.765.5 [35]) and the SDP for the ITU-T codecs (Table 4 of RFC 3551 [52], and RFC 3555 
[53]). 

Table B.4: Mapping between Single Codec subfields and SDP parameters for ITU-T codecs 



Single Codec information element 


SDP pa 


/load format parameters 


Codec Type 
subfield 


Codec Name 


Codec Configuration 
subfield (dcba) 


Payload Type 
number 


Encoding 
name 


other 
Parameters 


00000001 


G.71 1 64 kbit/s A-law 


N/A 


8 


PCMA 




00000010 


G.71 1 64 kbit/s ^i-law 


N/A 





PCMU 




0000001 1 


G.71 1 56 kbit/s A-law 


N/A 


N/A 


N/A 




00000100 


G.71 1 56 kbit/s n-law 


N/A 


N/A 


N/A 




00000101 


G.722 (SB-ADPCM) 


N/A 


9 


G722 




00000110 


G.723.1 


N/A 


4 


G723 


annexa=no 


000001 1 1 


G. 723.1 Annex A 
(silence suppression) 


N/A 


4 


G723 




00001000 


G.726 (ADPCM) 


XXX 1 

xxlx 
xlxx 
Ixxx 


dynamic 
dynamic 
dynamic 
dynamic 


G726-16 
G726-24 
G726-32 
G726-40 




00001001 


G.727 (Embedded 
ADPCM) 


xxxx 


N/A 


N/A 




00001010 


G.728 


111 

(subsets of defined 
rates not supported) 


15 


G728 




00001011 


G.729 (CS-ACELP) 


XX 1 

xlx 
Ixx 


dynamic 
18 

dynamic 


G729D 

G729 

G729E 


annexb=no 
annexb=no 
annexb=no 


00001100 


G.729 Annex B 
(silence suppression) 


XX 1 

xlx 
Ixx 


dynamic 
18 

dynamic 


G729D 

G729 

G72"E" 




NOTE: An "x" in a bit position of the Codec Configuration subfiel" in'icates"a "don't care" value. The SDP payload 

description for each listed codec includes a clock rate of 8000 Hz. TS 26.102 [50] only describes the BICC CS 
network framing for the PCM codecs. 
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When translating from a Single Codec information element to the equivalent SDP payload format parameters, the SDP 
shall include a distinct payload type and any associated parameters for each matching instance of the Codec 
Configuration subfield. For example, G.726 (ADPCM) with Codec Configuration subfield "0101" shall generate SDP 
payload types for G726-32 and G726-16. 

When translating from an SDP payload format specification to the Single Codec information element, each SDP 
payload type should be represented by one matching Single Codec information element. For example, SDP payload 
types for G729 and G729E may generate one Single Codec information element for "G.729 Annex B" with Codec 
Configuration subfield " 110". The G729 and G729E codecs may alternately be represented by two Single Codec 
information elements for "G.729 Annex B" with Codec Configuration subfields "100" and "010", respectively, if it is 
necessary to indicate preference between them. 

B.3 MGCF - IM-MGW interaction during interworking of codec 
negotiation 

B.3.1 Basic IIVI CN subsystem originated session 

This clause shows an example of the interworking of codec negotiation between an IM CN subsystem and a BICC CS 
network during session estabUshment for an IM CN subsystem originated session. The example applies to BICC 
forward bearer establishment. Similar procedures apply to the other four versions of bearer establishment procedure 
applicable to the BICC CS network. The exchange of codec information is identical in all five cases, but there are 
differences in the sequence of operations associated with bearer estabUshment within the BICC CS network. 

B.3.1 .1 BICC forward bearer establishment 
B.3. 1.1.1 IM-MGW selection 

The MGCF shall select an IM-MGW for the bearer connection before it performs the CS network side bearer 
establishment. This may happen either before sending the lAM or after receiving the APM message (signal 3 or signal 4 
in figure B.l). In the latter case, the IM-MGW selection may be based on a possibly received MGW-id from the 
succeeding node. 

B.3.1 .1 .2 CS network side bearer establisliment 

The MGCF shall either select bearer characteristics or request the IM-MGW to select and provide the bearer 
characteristics for the CS network side bearer connection before sending the lAM. In the latter case the MGCF shall use 
the Prepare Bearer procedure, not shown in figure B.l, to request the IM-MGW to select the bearer characteristics. 
After the succeeding node has provided a bearer address and a binding reference in the APM, the MGCF shall use the 
Establish Bearer procedure to request the IM-MGW to establish a bearer towards the destination CS-MGW. The MGCF 
shall provide the IM-MGW with the bearer address, the binding reference and the bearer characteristics (signal 5 in 
figure B.l). 

B.3.1 .1 .3 IM CN subsystem side session establisliment 

When the MGCF receives the Selected Codec from the succeeding serving node in the CS network (signal 4 in figure 
B.l) and selects a codec for use in the IM CN subsystem, the MGCF shall initiate the Reserve IMS Connection Point 
and Configure Remote Resources procedure (signal 7 and 8 in figure B.l). From the received SDP and selected 
configuration data the MGCF: 

Shall send the appropriate remote codec(s), the remote UDP port and the remote IP address to the IM-MGW. 
The remote UDP port and IP address refer to the destination of user plane data sent towards the IM CN 
subsystem. The remote codec(s) are the codec(s) the IM-MGW may select for user plane data sent towards the 
IM CN subsystem. 

Shall indicate to the IM-MGW the appropriate local codec(s) and request a local IP address and UDP port. The 
local IP address and UDP port are used by the IM-MGW to receive user plane data from the IM CN subsystem. 
The local codec(s) are the codec(s) the IM-MGW may select to receive user plane data from the IM CN 
subsystem. 
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- If DTMF support together with speech support is required, the reserve value indicator shall be set to "true". 
The IM-MGW 

- Shall reply to the MGCF with the selected local codec(s) and the selected remote codec(s) and the selected local 
UDP port and IP address. 

- Shall reserve resources for those codec(s). 

The MCGF shall send the local codec(s), UDP port and IP address to the IMS in the Session Progress (signal 9 in figure 
B.l). 

B. 3. 1.1. 4 Through-connection 

During the Prepare Bearer and Establish Bearer procedures, the MGCF shall either use the Change Through-Connection 
procedure to request the IM-MGW to backward through-connect the BlCC terminations, or the MGCF shall use this 
procedure to both- way through-connect the BICC termination already on this stage (signal 5 in figure B.l). During the 
Reserve IMS Connection Point procedure, the MGCF shall use the Change IMS Through-Connection procedure to 
request the IM-MGW to backward through-connect the IMS termination (signal 7 in figure B.l). 

When the MGCF receives the B1CC:ANM answer indication, it shall request the IM-MGW to both-way through- 
connect the termination using the Change Through-Connection or Change IMS Through-Connection procedures (signal 
20 in figure B.l), unless those terminations are already both-way through-connected. 

B.3.1.1.5 Codec handling 

The IM-MGW may include a speech transcoder based upon the speech coding information provided to each 
termination. 

B.3.1 .1 .6 Failure handling in MGCF 

If any procedure between the MGCF and the IM-MGW is not completed successfully the default action by the MGCF is 

to release the session, as described in clause 9.2.6. If the MGCF receives a Bearer Released procedure from the IM- 
MGW the default action by the MGCF is to release the session as described in clause 9.2.7. 

NOTE: As an implementation option the MGCF may also decide for example to only release the resources in the 
IM-MGW that caused the failure, possibly select a new IM-MGW for the connection and continue the 
call estabhshment using new resources in the selected IM-MGW but such handling is outside of the scope 
of the present document. 

B.3.1. 1.7 Message sequence chart 

Figure B.l shows the message sequence chart for the IM CN subsystem originating session with BICC forward bearer 
establishment where the selection of IM-MGW is done after receipt of the APM. The MGCF then requests the seizure 
of a CS network side bearer termination and the establishment of the bearer. When the MGCF receives an answer 
indication, it requests the IM-MGW to both-way through-connect the terminations. 
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1 . SIP: INVITE 
[supported codec list 1] 



2. SIP: 100 Trying 



Establish Bearer, Change 
Through-Connection = both 



Reserve IMS Connection Point 
and Configure Remote 
Resources, Change IMS 
Through-Connection = backward 



9. SIP :1 83 [selected codec 1 ] 
10. SIP: PRACK 



11.S1P :200 OK (PRACK) 

12. aiP: UPDATE 
13.S1P :200 OK (UPDATE) 



16. SIP :180 Ringing 

17. SIP: PRACK 
18.S1P :200 OK (PRACK) 



22. SIP :200 OK (INVITE) 



23. SIP: ACK 



3. BICC : lAM [supported codec list 2] 



4. BICC ; APM [selected codec 2] 



5. H.248 : ADD.req [Context ID = ?, Termination ID = ?] 



6. H.248 : ADD.resp [Context ID = CI , Termination ID = T2] 



7. H.248 : ADD.req [Context ID = CI , Termination ID = ?] 



8. H.248 : ADD.resp [Context ID = CI , Termination ID = T1] 



14. BICC: COT 



15. BICC : ACM 



19. BICC : ANM 



20. H.248 : MOD.req [Context ID=C1, Termination ID = T1] 



21 . H.248 : MOD.resp [Context ID = CI , Termination ID = T1] 



Bearer Establishment 



Change IMS 

Through-Connection = both 



CALL IN ACTIVE STATE 



Figure B.1 : Basic IIUI CN Subsystem originating session, BICC forward bearer establishment 

(message sequence chart) 
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B.3.2 Basic CS network originated session 

This clause shows an example of the interworking of codec negotiation between a BICC CS network and an IM CN 
subsystem during session establishment for a BICC CS network originated session. The example applies to BICC 
forward bearer establishment. Similar procedures apply to the other four versions of bearer establishment procedure 
appUcable to the BICC CS network. The exchange of codec information is identical in all five cases, but there are 
differences in the sequence of operations associated with bearer estabUshment within the BICC CS network. 

B.3.2. 1 BICC forward bearer establishment 
B.3.2.1.1 IM-MGW selection 

The MGCF shall select an IM-MGW for the bearer connection before it performs the IM CN subsystem session 
estabUshment or the CS network side bearer estabhshment. 

B.3.2. 1 .2 IM CN subsystem side termination reservation 

The MGCF shall derive from the codec negotiation procedure one or several appropriate local codec(s) the IM-MGW 
may use to receive user plane data from the IM CN subsystem. The MGCF shall use the Reserve IMS Connection Point 
procedure (signals 2 and 3 in figure B.2/1). Within this procedure, the MGCF shall indicate the local codec(s) and 
request a local IP address and UDP port from the IM-MGW. The local IP address and UDP port are used by the IM- 
MGW to receive user plane data from the IM CN subsystem. If DTMF support together with speech support is required, 
or if the resources for multiple speech codecs shall be reserved at this stage, the reserve value indicator shall be set to 
"tme". 

The IM-MGW shall reply to the MGCF with the selected local codec(s) and the selected local IP address and UDP port. 
The MGCF shall send this information in the INVITE (signal 4 in figure B.2/1) to the IM CN subsystem. 

B.3.2. 1 .3 IM CN subsystem side session establisliment 

The MGCF shall use the Configure IMS Resources procedure (signals 7 and 8 in figure B.2/1) to provide configuration 
data (derived from SDP received in signal 6 in figure B.2/1 and the codec negotiation procedure) to the IM-MGW as 
detailed below: 

- The MGCF shall indicate the remote IP address and UDP port, i.e. the destination IP address and UDP port for 
data sent in the user plane towards the IM CN subsystem, 

- The MGCF shall indicate the remote codec(s), i.e. the speech codec(s) for data sent in the user plane towards the 
IM CN subsystem. 

- The MGCF may indicate the local codec(s) and the local IP address and UDP port. The MGCF shall indicate the 
local codec(s) if a change is required. 

- IF DTMF support together with speech support is required, the reserve value indicator shall be set to "true". 



The IM-MGW shall reply with the selected remote codec(s) and reserve resources for these codec(s). If local codec(s) 
were received, the IM-MGW shall also reply with the selected local codec(s) and reserve the corresponding resources. 

If the selected local codec(s) differ from the codec(s) received in the SDP of signal 6 in figure B.2/1, the MGCF shall 
send the local reserved codec(s), and the local IP address and UDP port in the PRACK (signal 9 in figure B.2/1) to the 
IMS. 

B.3.2. 1 .4 CS network side bearer establisliment 

The MGCF shall request the IM-MGW to prepare for the CS network side bearer establishment using the Prepare 
Bearer procedure (signals 1 1 and 12 in figure B.2/1). Within this procedure, the MGCF shall request the IM-MGW to 
provide a bearer address, a binding reference and optionally notify when the bearer is estabUshed. The MGCF shall also 
provide the IM-MGW with the bearer characteristics determined by the codec negotiation procedure. After the IM- 
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MGW has replied with the bearer address and the binding reference, the MGCF provides the APM message (signal 13 
in figure B.2/1) to the preceding node. The MGCF may also provide the IM-MGW-id in the APM message. 

B.3.2.1 .5 Called party alerting 

The MGCF shall request the IM-MGW to provide an awaiting answer indication (ringing tone) to the calling party 
using the Send Tone procedure (signals 21 and 22 in figure B.2/1), when the following condition is satisfied: 

- the MGCF receives the first 1 80 Ringing message 
B.3.2.1 .6 Called party answer 

When the MGCF receives a 200 OK message (signal 23 in figure B.2/2), it shall request the IM-MGW to stop providing 
the ringing tone to the calling party using the Stop Tone procedure (signals 26 and 27 in figure B.2/2). 

B.3.2.1. 7 Through-Connection 

During the Prepare Bearer procedure, the MGCF shall either use the Change Through-Connection procedure to request 
the IM-MGW to backward through-connect the BICC termination, or the MGCF shall use this procediu'e to both-way 
through-connect the BICC termination already on this stage (signals 11 and 12 in figure B.2/1). During the Reserve 
IMS Connection Point procedure, the MGCF shall use the Change IMS Through-Connection procedure to request the 
IM-MGW to backward through-connect the IMS termination (signals 2 and 3 in figure B.2/1). 

When the MGCF receives the SIP 200 OK(INVITE) (signal 23 in figure B.2/2), it requests the IM-MGW to both-way 
through-connect the terminations using the Change IMS Through-Connection or Change Through-Connection 
procedures (signals 28 and 29 in figure B.2/2), unless those terminations are already both-way through-connected. 

B.3.2.1. 8 Codec handling 

The IM-MGW may include a speech transcoder based upon the speech coding information provided to each 
termination. 

B.3.2.1 .9 Failure handling in MGCF 

If any procedure between the MGCF and the IM-MGW is not completed successfully, the default action by the MGCF 

is to release the session as described in clause 9.2.6. If the MGCF receives a Bearer Released procedure from the IM- 
MGW the default action by the MGCF is to release the session, as described in clause 9.2.7. 

NOTE: As an implementation option the MGCF may also decide for example to only release the resources in the 
IM-MGW that caused the failure, possibly select a new IM-MGW for the connection and continue the 
call establishment using new resources in the selected IM-MGW but such handling is outside of the scope 
of the present document. 

B.3.2.1 .10 Message sequence chart 

Figures B.2/1 and B.2/2 show the message sequence chart for the CS network originating session with BICC forward 
bearer estabUshment. 
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1 . BICC : lAM [supported codec list 1] 



Configure IMS Resources 



2. H.248 : ADD.req [Context ID = ?, Termination ID=?] 



3. H.248 : ADD.resp [Context ID = C1 , Termination ID = T1] 



7. H.248 : MOD.req Context ID = CI Jermination ID = 11] 



8. H.248 : MOD.resp [Context ID = CI , Termination ID = T1 ] 



1 1 . H.248 : ADD.req [Context ID = C1 , Termination ID = ?] 



12. H.248 : ADD.resp [Context ID = C1 , Termination ID = T2] 



13. BICC : APM [selected codec 1, available codec list 1] 



Bearer Establishment 



14. BICC: COT 



20. BICC : ACM 



21 . H.248 : MOD.req [Context ID = C1 , Termination ID = T2] 



22. H.248 : MOD.resp [Context ID = C1 , Termination ID = T2] 



Reserve IMS Connection Point, 
Change IMS Through- 
Connection = backward 

4. S!P: INVITE 
[supported codec list 2] 



5. S!P: 1 00 Trying 



6. SIP:183 
[available codec list 2] 



9. S!P: PRACK 
[selected codec 2] 



10.S!P:200OK (PRACK) 
[selected codec 2] 



Prepare Bearer, 
Change Through- 
Connection= both 



15. SIP: UPDATE 



16.S!P:200OK (UPDATE) 



17.S!P:180 Ringing 



18. SIP: PRACK 



19. S!P:200OK(PRACK) 



Send Tone 



Figure B.2/1 : Basic CS Networic Originating Session, BICC forward bearer establishment 

(message sequence chart) 
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MGCF 



24. H.248 : MOD.req [Context ID=C1 , Termination ID : 
T2] 



25. H.248 : MOD.resp [Context ID = C1, Termination ID = T2] 



26. H.248 : MOD.req [Context ID=C1, Termination ID = 
T1] 



27. H.248 : MOD.resp [Context ID = C1, Termination ID = T1] 



28. BICC: ANM 



23.S!P:200 OK (INVITE) 



Stop Tone 



Change IMS 

Through-Connection = both 



29. SIP: ACK 



CALL IN ACTIVE STATE 



Figure B.2/2: Basic CS Network Originating Session, BICC forward bearer establisliment 

(message sequence cliart continued) 
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B.3.3 CS network initiated mid-call codec negotiation 

Figure B.3 shows the CS network initiated mid-call codec negotiation procedure interworking with the IM CN 
subsystem. When the MGCF selects the codecs for the CS network and the IM CN subsystem (after signal 3 in figure 
B.3), the MGCF shall modify the CS network termination and the IM CN subsystem termination on the IM-MGW to 
conform to the newly selected configuration data on the two interfaces. The MGCF may perform bearer operations (not 
shown) at the IM-MGW before interworking the initial codec modification request (signal 2 in figure B.3) to determine 
new connection information, if necessary, or to verify resource availabiUty. 





1 . BICC : APM [supported codec list 1] 



Configure MS Resources 



IVIodify Bearer Characteristics 



4. H.248 : l\/IOD.req Context ID = C1 .Termination ID = T1] 



5. H.248 : MOD.resp [Context ID = CI , Termination ID = T1 ] 



6. H.248 : MOD.req [Context ID = CI , Termination ID = T2] 



7. H.248 : MOD.resp [Context ID = C1 , Termination ID = T2] 



9. BICC : APM [selected codec 1] 



1 0. BICC : APM [action = successful codec modification] 



2. SIP: re-INVITE 
[supported codec list 2] 



3. S!P:200 OK (INVITE) 
[selected codec 2] 



8. S!P: ACK 



Figure B.3: CS network initiated mid-call codec negotiation 
(message sequence cliart) 



ETSI 



3GPP TS 29.163 version 8.5.0 Release 8 



203 



ETSI TS 129 163 V8.5.0 (2009-02) 



B.3.4 IM CN subsystem initiated mid-call codec negotiation 

Figure B.4 shows the IM CN subsystem initiated mid-call codec negotiation procedure interworking with a BICC CS 
network. When the MGCF selects the codecs for the CS network and the IM CN subsystem (after signal 3 in figure 
B.4), the MGCF shall modify the CS network termination and the IM CN subsystem termination on the IM-MGW to 
conform to the newly selected configuration data on the two interfaces. The MGCF may perform bearer operations (not 
shown) at the IM-MGW before interworking the initial codec modification request (signal 2 in figure B.3) to determine 
new connection information, if necessary, or to verify resource availability. The MGCF may also perform bearer 
operations (not shown) at the IM-MGW after sending the final APM (signal 8 in figure B.4) to modify transport 
bandwidth, if necessary. 



IM-MGW 



MGCF 



2. BICC : APM [supported codec list 2] 



3. BICC : APM [supported codec list 2] 



Configure MS Resources 



IVIodify Bearer Characteristics 



4. H.248 : IVlOD.req Context ID = C1 .Termination ID = T1] 



5. H.248 : IVlOD.resp [Context ID = CI , Termination ID = T1 ] 



6. H.248 : MOD.req [Context ID = C1 , Termination ID = T2] 



7. H.248 : MOD.resp [Context ID = C1 , Termination ID = T2] 



8. BICC : APM [action = successful codec modification] 



1.SIP: re-INVITE 
[supported codec list 1] 



9. S1P:200 OK (INVITE) 
[selected codec 1] 



10. SIP:ACK 



Figure B.4: IM CN subsystem initiated mid-call codec negotiation 
(message sequence chart) 
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Annex C (normative): 
Interworking of CPC parameter 

The CPC extension to tel-URI Parameter is defined in [76]. 



C.1 Interworking SIP to ISUP 

Table C.1-1 shows the mapping of a CPC parameter received in a P-Asserted-Identity header in the initial ESTVITE 
request to the Calling party's category parameter in the ISUP lAM. 

Table C.1-1 : Mapping of the CPC parameter to the ISUP Calling party's category parameter 



SIP Parameters 


iSUP Parameters 


cpc received in a 
P-Asserted-identity 


Accept-Contact 
'language' 


Sent Caliing party's category 


operator 


Frencli 


operator, language French 


operator 


English 


operator, language English 


operator 


German 


operator, language German 


operator 


Russian 


operator, language Russian 


operator 


Spanisti 


operator, language Spanish 


ordinary 




ordinary calling subscriber 


test 




Test call 


payphone 




Payphone 


cellular 




mobile terminal located in the home PLMN 


cellular-roaming 




mobile terminal located in a visited PLMN 


ieps 




IEPS call marking for preferential call set up 



NOTE: In case the cpc is absent or contains values that are not in this table then the ISUP shall contain the default 
CPC value "ordinary calling subscriber". 



C.2 Interworking ISUP to SIP 

Table C.2-1 shows the mapping of a Calling party's category received in a ISUP with the cpc parameter within the 
regarding P-Asserted-ldentity. 



Table C.2-1 : Mapping of the ISUP Calling party's category parameter to the CPC parameter 



iSUP Parameters 


SiP Parameters 


received caiiing party's category 


cpc sent in a P-Asserted-ldentity 


Accept-Contact 
'language' 


operator, language French 


operator 


French 


operator, language English 


operator 


English 


operator, language German 


operator 


German 


operator, language Russian 


operator 


Russian 


operator, language Spanish 


operator 


Spanish 


ordinary calling subscriber 


ordinary 




test call 


test 




payphone 


payphone 




mobile terminal located in the home PLMN 


cellular 




mobile terminal located in a visited PLMN 


cellular roaming 




IEPS call marking for preferential call set up 


ieps 
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Annex D: 
Void 
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Annex E (normative): 

Multimedia interworl<ing between the IP Multimedia Core 
Network (CN) Subsystem (IMS) and Circuit Switched (CS) 
networks 



E.1 Basic Multimedia calls interworking between the IMS 
and CS Networks scenarios 

The Interworking between Circuit switched multimedia telephony service, as described in 3GPP TS 26.110 [78] and 
3GPP TS 26. 11 1 L79J, and packet switched multimedia services, as described in 3GPP TS 26.235 [80J and 
3GPP TS 26.236 [32] is addressed. 



Video I/O 
Equipment 



Audio I/O 
Equipment 



User Data 
Applications 
[T.120, ...] 



System 
Control 



3GPPTS 26.111 



Video Codec 

H.263, [MPEG-4, H.261 ...] 



Speech Codec 
3GPP-AMR, 
[G.723.1 ...] 



Optional 
Receive Path 
Delay 



Data Protocols 
[V.14,LAPM, ...] 



H.245 




CCSRL 




-► 
<- 


-► 


<- 



NSRP[LAP 
M/V.42] 



Multiplex/ 

Demultiplex 

H.223, 

H.223 Annex 
A, H.223 
Annex B, 
[H.223 Annex 
C, H.223 
Annex D] 



Call Set-up 



Optional 
Multilink 
H.324 
Annex H 



3GPP 
Network 



Figure E.1.1.1 Overview of relevant CS-Domain Protocols (from 3GPP TS 26.110 [78]) 
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E.2 Control plane interworking 



E.2.1 General 

In addition to the control plane Interworking between SIP and ISUP or BICC, interactions between the H.245 signalling 
at the CS side and SIP/SDP signalling are described. 

The establishment of the H.223 multiplexing protocol and the subsequent H.245 signalUng procedures take place after 
the set-up and both-way through-connection of the CS bearer. 



E.2. 2 Functionalities required in the MGCF for multimedia calls 
support 

In addition to the control plane Interworking between SIP and ISUP or BICC, the MGCF needs to mediate interactions 
between the H.245 signalling or MONA (Media Oriented Negotiation Acceleration) procedures at the CS side and 
SIP/SDP signalUng at the IMS side. The interactions between H.245 signalUng or MONA procedures and SIP/SDP 
signalling should aim at avoiding media transcoding by selecting the same codec for the CS side and the PS side. 

NOTE: Detailed procedures for the mapping between SDP parameters and H.245 parameters are not specified in 
the present release. 



E.2. 3 IM ON subsystem originated session 
E. 2.3.1 Preconditions used at IIVIS side 



E.2.3.1 .1 Interactions between H.245 or MONA and SIP/SDP 

Figure E.2. 3. 1.1.1 shows examples of interactions between H.245 or MONA procedures and SIP/SDP for IM CN 
subsystem originated session. Most SIP and ISUP or BICC messages are intentionally omitted, since the SDP may be 
embedded in various SIP messages and since the in-band H.245 Messages are not tightly coupled with out-of-band 
ISUP or BICC messages. 

Figure E.2. 3. 1.1.1 assumes that the IMS peer uses the SIP precondition extension to indicate that preconditions have not 
yet been met. 
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IMS 



1. SIP: INVITE 
[SDP offer:, 
m = H.263, MP4V-ES, H.261; 
m= AMR, 
Preconditions not met] 



3. SIP: 

[SDP answer: 
m = H.263; 
m= AMR, 
Preconditions not met ] 



Interworking Node 
(MGCF+ IM MGW) 



10. SIP: 200 OK (INVITE) 



11. SIP: 

[SDP offer; m =: MP4V-ES; a= 
3gpp_MaxRecvSDUSize 600; m= AMR ] 

T2''si'p":' 

[SDP answer; m = l\/IP4V-ES, m= AMR] 



CS Network 



2. lAM 



4. Bearer Establishment 



5. ANM 



6. H.223 Bearer Setup including possible MONA Channel 

establishment method negotiation 



Alternative to 7-9: MONA messages 



7. H.245: Terminal Capability Set 

[H.263, MP4V-ES; H.261 
AMR] 



8. H.245: Terminal Capability Set 

[H.261, MP4V-ES; 
AMR, G.711] 

9. H.245: Open Logical Channels 

[MP4V-ES, AMR] 



CALL IN ACTIVE STATE 



Figure E.2.3.1.1.1: interactions between H.245 and SIP/SDR for IM CN subsystem originated session 

IMS peer indicates unmet local preconditions 

Upon receipt of a SIP INVITE request containing speech and video Codecs (signal 1 in figure E.2.3.1.1.1) the 
Interworking Node (consisting of MGCP and IM-MGW) starts the call set-up for multimedia call at the CS side by 
sending an lAM requesting an UDI bearer (signal 2 in figure E.2.3.1.1.1). 

If SDP local preconditions, which are not yet met, are contained in signal 1, the Interworking node should immediately 
send an SDP answer to allow for the IMS-side bearer set-up to progress. The Interworking node selects codecs 
supported by the IM-MGW and likely to be supported within the CS network and communicates the selected codecs 
towards the IMS side within an SDP answer message (signal 3 in figure E.2.3.1.1.1). If theses codecs are contained in 
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the SDP offer, the Interworking Node should select the H.263 codec and may select other codec from the SDP offer in 
addition. 

The Interworking Node shall engage in an H.223 bearer setup (step 6 in figure E.2.3.1.1.1). If the interworking Node 
supports MONA (Media Oriented Negotiation Acceleration), it shall first attempt a MONA Channel establishment 
method negotiation according to Annex K of ITU-T Recommendation H.324 [87]. If the interworking node does not 
support MONA, it shall use the multiplexing level negotiation procedures of Annex C of H.324 [81]. If the 
Interworking Node supports MONA, but the remote peer does not do so, a fallback to the multiplexing level negotiation 
procedures of Aimex C of H.324 [81] will occur. 

If both the Interworking Node and the remote CS terminal support MONA procedures, the MONA procedures as per 
ITU-T Recommendation H.324 Annex K [87] may be used to replace the H.245 negotiation (signals 7 - 9) as shown in 
figure E.2.3.1.1.1. 

If MONA procedures are not used, the following applies: 

- After the completion of the H.223 bearer setup at the CS side, the Interworking Node shall send a Terminal 
Capability Set message describing its own capabilities (signal 7 in figure E.2.3.1.1.1). Unless the Interworking 
Node supports transcoding, the Interworking Node shall only send codecs that have been offered at the IM CN 
subsystem side (as received in signal 1 in figure E.2.3.1.1.1) within this message. 

- The Interworking Node will receive an H.245 Terminal Capability Set message describing the supported Codecs 
at the peer's side (signal 8 in figure E.2.3.1.1.1). 

- The codecs contained both in the sent and received terminal capabihty set messages may be selected at the CS 
side. The final decision of the selected codecs at the CS side is taken when the H.245 open logical Channels 
message (signal 9 in figure E.2.3.1.1.1) is sent or received. The direction of this message is determined by the 
H.245 master-slave determination procedure. 

If the Interworking Node does not transcode, it should indicate the codecs selected within the H.245 negotiation 
(signal 1 1 in figure E.2.3.1.1.1) or within the MONA procedures and enable any media that have previously been put on 
hold at the IMS side after the completion of the H.245 negotiation or MONA procedures. 

The interworking node should include in step 11 of figure E.2.3.1.1.1 the SDP 'a' attribute "3gpp_MaxRecvSDUSize" 
indicating the maximum SDU size of the application data that can be transmitted to the receiver without segmentation, 
as specified in clause 12.2.4.6 of 3GPP TS 26.114 [104]. 



E.2.3.2 Preconditions not used at IMS side 

E.2.3.2.1 Interactions between H.245 or MONA and SIP/SDP 

Figure E.2.3.2. 1.1 shows examples of interactions between H.245 or MONA procedures and SIP/SDP for IM CN 
subsystem originated session. Most SIP and ISUP or BICC messages are intentionally omitted, since the SDP may be 
embedded in various SIP messages and since the in-band H.245 Messages are not tightly coupled with out-of-band 
ISUP or BICC messages. 

Figure E.2.3.2. 1.1 assumes that the IMS peer does not use the SIP precondition extension. 
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IMS 



Interworking Node 
(MGCF+ IM MGW) 



CS Network 



1. SIP: INVITE 
[SDP offer:, 
m = H.263, MP4V-ES, H.261; 
m=AMR] 



2. lAM 



3. Bearer Establishment 



4. ANM 



5. H.223 Bearer Setup including possible 
MONA Channel establishment method negotiation 



Alternative to 6-8: MONA messages 



9. SIP: 200OK (INVITE) 
[SDP answer: 
m = MP4V-ES; a= 3gpp_MaxRecvSDUSize 600; 
m= AMR] 



6. H.245: Terminal Capability Set 
[MP4V-ES; AMR] 



7. H.245: Terminal Capability Set 

[H.261, MP4V-ES; 
AMR, G.711] 

8. H.245: Open Logical Channels 

[MP4V-ES, AMR] 



CALL IN ACTIVE STATE 



Figure E.2.3.2.1.1 Interactions between H.245 and SIP/SDP for IM ON subsystem originated session 

IIUIS peer does not use SIP preconditions. 

Upon receipt of a SIP INVITE request containing speech and video Codecs (signal 1 in figure E.2.3.2.1.1) the 
Interworking Node (consisting of MGCP and IM-MGW) starts the call set-up for multimedia call at the CS side by 
sending an lAM requesting an UDI bearer (signal 2 in figure E.2.3.2.1.1). 

If no unmet local SDP preconditions are contained in signal 1, the Interworking node should defer sending an SDP 
answer until the H.245 negotiation or MONA procedures is/are completed. 

The Interworking Node shall engage in an H.223 bearer setup (step 5 in figure E.2.3.2.1.1). If the interworking Node 
supports MONA (Media Oriented Negotiation Acceleration), it shall first attempt a MONA Channel estabUshment 
method negotiation according to Annex K of ITU-T Recoiimiendation H.324 [87]. If the interworking node does not 
support MONA, it shall use the multiplexing level negotiation procedures of Annex C of H.324 [81]. If the 
Interworking Node supports MONA, but the remote peer does not do so, a fallback to the multiplexing level negotiation 
procedures of Annex C of H.324 [81] will occur. 
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If both the Interworking Node and the remote CS terminal support MONA procedures, the MONA procedures as per 
ITU-T Recommenation H.324 [81] Annex K may be used to replace the H.245 negotiation (signals 6 - 8) as shown in 
figure E.2.3. 2. 1.1. 

If MONA procedures are not used, the following applies: 

- After the completion of the H.223 bearer setup at the CS side, the Interworking Node shall send a Terminal 
Capability Set message describing its own capabilities (signal 6 in figure E.2.3.2.1.1). Unless the Interworking 
Node supports transcoding, the Interworking Node shall only send codecs that have been offered at the IM CN 
subsystem side (as received in signal 1 in figure E.2.3.2.1.1) within this message. 

- The Interworking Node will receive an H.245 Terminal Capability Set message describing the supported Codecs 
at the peer's side (signal 7 in figure E.2.3.2.1.1). 

- The codecs contained both in the sent and received terminal capability set message may be selected at the CS 
side. The final decision of the selected codecs at the CS side is taken when the H.245 open logical Channels 
message (signal 8 in figure E.2.3.2.1.1) is sent or received. The direction of this message is determined by the 
H.245 master-slave determination procedure. 

If the Interworking Node does not transcode, it shall send an SDP answer (signal 9 in figure E.2.3.2.1.1) indicating the 
codecs selected within the H.245 negotiation or within the MONA procedures after the completion of the H.245 

negotiation or MONA procedures. 

The interworking node should include in Step 9 of figure E.2.3.2.1.1 the SDP 'a' attribute "3gpp_MaxRecvSDUSize" 
indicating the maximum SDU size of the application data that can be transmitted to the receiver without segmentation, 
as specified in clause 12.2.4.6 of 3GPP TS 26.114 [104]. 

E.2.3.3 Fallback to speech at session establishment 

If SCUDIF Fallback occurs on the CS side, the APM message contains a speech codec as "Selected Codec". The MGCF 
shall then disable the video "m-line" in the first SDP answer, if not yet sent, and complete the call-setup in the same 
way as for a normal speech call. If the SDP answer was already sent (precondition used), the MGCF shall update the 
SIP session to speech by sending a SIP UPDATE message with a relevant SDP. 

If in a non-SCUDIF case (ISUP or BICC without SCUDIF) the called CS terminal or network rejects the video call 
setup by sending a REL message to the MGCF, the MGCF releases the CS video call being established, re-estabhshes 
the CS call in a speech only mode sending a new lAM with a speech BCIE to the CS network and updates the IM CN 
leg codecs to a speech only codec. Then the call/session continues as in a speech only case. If the interworking node 
does not support the fallback, it shall release the session. 



E.2.4 CS network originated session 

E.2.4.1 Interactions between SIP/SDP and H.245 or IVIONA 
E.2.4.1.1 Normal Call setup 

Figure E.2.4. 1 . 1 shows examples of interactions between H.245 or MONA and SIP/SDP for the CS network originated 
session. Most SIP and ISUP or BICC messages are intentionally omitted, since the SDP may be embedded in various 
SIP messages and since the in-band H.245 Messages are not tightly coupled with out-of-band ISUP or BICC messages. 
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CS Network 



1. lAM 



Interworking Node 
(MGCF+ IM MGW) 



4. Bearer Establishment 



6. ANM 



7. H.223 Bearer Setup including possible 
MONA Channel establishment method negotiation 



Alternative to 8-12: MONA messages 



12. H.245: Open Logical Channels 

[H.263, AMR] 



8. H.245: Terminal Capability Set 

[H.263, H.261 
AMR, G.711] 



1 1 . H.245: Terminal Capability Set 

[H.263, H.261 
AMR] 



IMS 



2. SIP: INVITE 
[SDP offer:, 
m = H.263, MP4V-ES; 
m= AMR 



3. SIP: 

[SDP answer: 
m = H.263, MP4V-ES; 
m=AMR] 



5. SIP: 200OK (INVITE) 



9. SIP: 

[SDP offer 
m =: H.263, H.261; 
m=AMR] 



10. SIP : 

[SDP answer 
m = H.263, H.261: 
m=AMR] 



13. SIP: 

[SDP offer 

m =: H.263; a= 3gpp_MaxRecvSDUSize 600; 
m=AMR] 



14. SIP : 

[SDP answer 

m = H.263; 
m= AMR] 



CALL IN ACTIVE STATE 



NOTE: Messages 3 and 5 may be combined in some scenarios. 
Figure E.2.4.1.1 : Interactions between H.245 and SIP/SDP for OS network originated session 
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Upon receipt of an lAM request for a multimedia Call (signal 1 in figure E.2.4.1.1) the Interworking Node (consisting 
of MGCF and IM-MGW) starts the call set-up for multimedia call at the IM CN subsystem side by sending an INVITE 
request (signal 2 in figure E.2.4.1.1). For the INVITE request, the Interworking Node selects codecs supported by the 
IM-MGW and likely to be supported within the CS Network. The Interworking Node should select the H.263 codec and 
may select other codec in addition. 

NOTE: The SDP coding to express that either a combined voice and video call, or a voice call, or a Clearmode 
codec, or some other data call is desired is not defined in the present release. 

The Interworking Node shall engage in an H.223 bearer setup (step 7 in figure E.2.4.1.1). If the interworking Node 
supports MONA (Media Oriented Negotiation Acceleration), it shall first attempt a MONA Channel establishment 
method negotiation according to Annex K of ITU-T Recommendation H.324 [87]. If the interworking node does not 
support MONA, it shall use the multiplexing level negotiation procedures of Annex C of H.324 [81]. If the 
Interworking Node supports MONA, but the remote peer does not do so, a fallback to the multiplexing level negotiation 
procedures of Annex C of H.324 [81] will occur. 

If both the Interworking Node and the remote CS terminal support MONA procedures, the MONA procedures as per 
ITU-T Recommenation H.324 [81] Annex K may be used to replace the H.245 negotiation (signals 8, 11 and 12) as 
shown in figure E.2.4.1.1. Furthermore, the SIP codec renegotiation in signals 9 and 10 is then also not appUcable. 

If MONA procedures are not used, the following appUes: 

- After the completion of the H.223 bearer setup at the CS side the Interworking Node will receive a H.245 

Terminal Capability Set message describing the supported Codecs at the peer's side (signal 8 in figure E.2.4.1.1). 

Due to information received in a Terminal Capability Set message (signal 8 in figure E.2.4.1.1), the Interworking 
node may send an SDP offer at the IMS side (signal 9 in figure E.2.4.1.1), to offer additional codecs supported at 
the CS side but not contained in the first SDP offer (signal 2 in figure E.2.4.1.1), or to restrict the selected codecs 
at the IMS side to codecs which are available at the CS side. 

NOTE: It is not clear if the addition of codecs not included in previous SDP exchange has any impacts on IMS 
procedures, e.g. resource reservation related procedures. 

The Interworking Node shall send a Terminal Capability Set message describing its own capabilities (signal 1 1 
in figiu'e E.2.4.1.1). Unless the Interworking Node supports transcoding, the Interworking node shall only send 
codecs that are also negotiated at the IM CN subsystem side (as received in signal 3 in figure E.2.4.1.1) within 
this message. The Interworking Node may defer sending the Terminal Capability Set message for some time to 
attempt to receive the peer's Terminal Capabihty set message and perform a possible IMS-side codec re- 
negotiation. However, to avoid blocking situations, the Interworking Node shall not defer sending the Terminal 
Capability Set message for an excessive period of time. 

The codecs contained both in the sent and received Terminal Capability Set message may be selected at the CS 
side. The final decision of the selected codecs at the CS side is taken when the H.245 open logical Channels 
message (signal 12 in figure E.2.4.1.1) is sent or received. The direction of this message is determined by the 
H.245 master-slave determination procedure. 

If the Interworking Node does not transcode, it should indicate the codecs selected within the H.245 negotiation or 
within MONA procedures after the completion of the H.245 negotiation (signal 13 in figure E.2.4.1.1) or MONA 
procedures. 

The interworking node should include in Step 11 of figure E.2.4.1.1 the SDP 'a' attribute "3gpp_MaxRecvSDUSize" 
indicating the maximum SOU size of the application data that can be transmitted to the receiver without segmentation, 
as specified in clause 12.2.4.6 of 3GPPTS 26.114 [104]. 



E.2.4.1 .2 Call setup if multimedia call can not be recognized in an unambiguous 
manner 

If the Interworking Node is not able to determine from the information within the lAM request whether a multimedia 
call or some other type of data call is requested (for example, if only TMR=UDI but no BC IE is contained in the lAM), 
the Interworking Node may also include appropriate codecs for other possible types of data call it supports in the 
INVITE request. If video and audio codecs are contained in the first SDP answer (signal 3), the Interworking Node 
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should continue to attempt to set up a multimedia call as described in Clause E.2.4.1.1. Otherwise, calls are set up as 
described in Clause 7.2.3.2. 



E.2.4.2 CS originated - IM CN transit - CS terminated 

Figure E.2.4.2. 1 describes ISUP and SIP/SDP interactions in a CS originated - IM CN transit - CS terminated case with 
a clear channel through the IM CN. An interworking node A receives an lAM message with a UDI H.223 & H.245 
video call request (message 1). If the interworking node A supports both CS/IMS video interworking and a clearmode 
codec / clear channel, it may send both audio and video codecs and a clearmode codec and a UDI & H.223 & H.245 
video indication in the INVITE message towards the IMS (message 2). The message is received by an interworking 
node B. The interworking node B sends an I AM message with a UDI & H.223 & H.245 video call request to the 
terminating CS network (message 3). If the interworking node B supports a clearmode codec / clear channel, it may 
send a SIP response with a clearmode codec towards the calling side to indicate that a clear channel can be established 
between the IMS interworking nodes (message 5). After the called party answers, the interworking node B sends a SIP 
200 OK (Invite) with the clearmode codec to the calling node to indicate that a clear channel can be established 
(message 1 1). After the called party has answered the call, either MONA procedures are performed and the H.223 
bearer is established or the H.223 bearer is established and the H.245 signalling is performed (step 14 in figure 
E.2.4.2.1). 

If the interworking node A does not support CS-IMS video interworking, but supports a clearmode codec / clear 
channel, it sends the INVITE message with a clearmode codec and UDI & H.223 & H.245 indication, but without a 
video codec, to allow the establishment of a CS video call through a clear channel. The interworking node A may also 
send an audio codec (alone or with a clearmode codec) to allow a fallback to speech. The interworking node B either 
accepts the clearmode and sends the corresponding lAM message with a UDI & H.223 & H.245 request (message 3) 
and SIP response with a clearmode codec (message 5 or 11), or accepts the speech mode and sends the corresponding 
lAM message with a speech request (message 3) and SIP response with a speech codec (messages 5, 11), or rejects the 
INVITE message if the requested codec(s) cannot be supported. 

NOTE: The format of the indication of UDI & H.223 & H.245 from interworking node A to interworking node B 
is not defined in the present release. 
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CS Network 



Interworking node A 
(MGCF+ IM MGW) 



1.1AM [UDI, H.223&H.245] 



4. TDM circuit reservation 



9. ACM 



12. ANM 



IMS 



Interworlting node B 
(MGCF+ IM MGW) 



2. S!P: INVITE [m = H.263, a=X- 
UDI&H.223&H.245; m= AMR; 
m=clearmode] 



5. SIE : Response [m=audio, 
a=clearmode] 



8. S!P:180 Ringing 



11.SIP:200 OK(INVITE) 



13. SIPiACK 



CS Network 



3. lAM [UDI, H.223 & H.245] 



6. TDM circuit reservation 



7. ACM 



10. ANM 



14. Clear channel. Either MONA messages + H.223 bearer setup 
or H.223 bearer setup and H.245 signaling between CS terminals 



CALL IN ACTIVE STATE 



Figure E.2.4.2.1 : ISUP and SIP/SDR interactions in a CS originated - IIVI CN transit 
- CS terminated case witli a clear channel through the IM CN 



E.2.5 Service change 

E.2.5.2.1 SCUDIF 

E.2.5.2.1 .1 IM CN subsystem originated cliange 
E.2.5.2.1 .1 .1 Change from multimedia to speech 

Figure E.2.5. 2. 1.1. 1.1 shows an IM CN subsystem originated modification from multimedia to speech during an 
ongoing session when the CS leg supports BICC. The interworking node receives an INVITE message that indicates the 
dropping of the video media from the session, message 1 . The interworking node can only accept the dropping of the 
media component and sends a corresponding codec modification request to the BICC network, message 2, and 
acknowledges the INVITE with a 200 OK message. The BICC network indicates a successful codec modification, 
message E.2. 
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IMS 



Interworking Node 
(MGCF+ IM MGW) 



CS Network 



Audio + Video 



1 . S!P: INVITE [m= AMR] ^ 


2. Modify Codec (Seiected Codec=AMR) 


3. S!P :200 OK (INVITE) [m= AMR] 


5. Successful Codec Modification 




4. SIP: ACK 


► 



Speech 



Figure E.2.5.2.1.1.1.1: IM CN subsystem originated modification 
from multimedia to speech when the CS leg supports BICC 

Editor's note: Handling of a case, where a codec is received in BICC negotiation but not included in the available 
codec list negotiated previously, is ffs. 

E.2.5.2.1 .1 .2 Change from speech to multimedia 

Figure E. 2. 5. 2. 1.1. 2.1 shows an IM CN subsystem originated modification from speech to multimedia during an 
ongoing session when the CS leg supports BICC. The interworking node receives an INVITE message that offers the 
adding of a video media to the ongoing speech session, message 1. The interworking node accepts the offer and sends a 
corresponding codec modification request to the BICC network, message 2. The BICC network indicates a successful 
codec modification, message 3. The interworking node acknowledges the INVITE with a 200 OK message after the 
MONA or H.245 in-band negotiation in step 4 is completed. 

If the codec modification is not successful in the BICC network, the interworking node responds to the INVITE 
message with the speech codec in the 200 OK message to retain the speech only session. 



IMS 



Interworking Node 
(MGCF+ IM MGW) 



CS Network 



Speecii 



1 . S!P; INVITE [m= AMR; m=H.263] 



5. S!P ;200 OK (INVITE) [m= AMR; m=H.263] 



6. SIP: ACK 



2. Modify Codec (Selected Codec=MuMe) 



3. Successful Codec Modification 



4. MONA or H.245 inband negotiation 



Audio + Video 



Figure E.2.5.2.1.1.2.1 : IM CN subsystem originated modification 
from speech to multimedia when the CS leg supports BICC 
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E.2.5.2.1 .2 CS network originated cliange 
E.2.5.2.1 .2.1 Change from multimedia to speech 

Figure E.2.5.2.1. 2. 1.1 shows a CS network originated modification from multimedia to speech during an ongoing 
session when the CS leg supports BICC. The interworking node receives a Modify Codec message that indicates the 
dropping of the video media from the session, message 1 . The interworking node accepts the dropping of the video 
component and sends a corresponding INVITE message to the IM CN subsystem, message 2, and acknowledges the 
codec modification request to the BICC network, message 3. The IM CN subsystem acknowledges the INVITE 
dropping the video media with a 200 OK, message 4. 



IMS 



Interworking Node 
(MGCF+ IM MGW) 



CS Network 



Audio + Video 



^ 2. SIP: INVITE rm=AI\/IR1 


^ 1 . Modify Codec (Selected Codec=AMR) 


3. Successful Codec Modification 


4. SIP: 200 OK (INVITE) [m= AMR] 


► 


5. SIP: ACK 


-» 



Speech 



Figure E.2.5.2.1.2.1.1: CS networic originated modification 
from multimedia to speech when the CS leg supports BICC 



E.2.5.2.1 .2.2 Change from speech to multimedia 

Figure E.2.5.2.1.2.2.1 shows a CS network originated modification from speech to multimedia during an ongoing 
session when the CS leg supports BICC. The interworking node receives a Modify Codec message that indicates the 
adding of a video media to the ongoing speech session, message 1. The interworking node accepts the offer and sends a 
corresponding INVITE message to the IM CN subsystem, message 2. The IM CN subsystem acknowledges the INVITE 
adding the video media with a 200 OK, message 3, and acknowledges the codec modification request to the BICC 
network, message 4. The interworking node may have to update the codecs, messages 7 and 8, after the MONA or 
H.245 in-band negotiation in step 6. 

If the IM CN subsystem does not accept the addition of the video media to the session, the interworking node rejects the 
modify codec request to retain the speech only session. 
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CS Network 



Speech 



2. SIP: INVITE [m= AMR; m=H.263] 


^ 1 . Modify Codec (Selected Codec=MuMe) 


4. Successful Codec Modification 


3. S!P: 200 OK (INVITE) [m= AMR; m=H.263] ^ 


5. SIP: ACK 

< 


► 


7. S!P: INVITE [m= AMR; m=H.263] 


^ 6. MONA or H.245 inband negotiation ^ 


8. S!P: 200 OK (INVITE) [m= AMR; m=H.263] ^ 




<^ Audio + Video \ 



Figure E.2.5.2.1.2.2.1 : CS networl< originated modification 
from speecli to multimedia when the CS leg supports BICC 



E.2.5.2.2 Non-SCUDIF case (ISUP or BICC without SCUDIF) 
E.2.5.2.2.1 Change from multimedia to audio 

Figure E.2.5.2.2. 1.1 shows an IM CN subsystem originated modification from multimedia to audio during an ongoing 
session when the CS leg supports ISUP or BICC without SCUDIF. The interworking node receives an INVITE message 
that indicates the dropping of the video media from the session, message 1. The interworking node can only accept the 
dropping of the media component and acknowledges the INVITE with a 200 OK, message 2. There are three alternative 
ways to handle the issue: 

- The video component stays on in the CS leg. The interworking node may use the video component to send an 
annoimcement to the CS terminal to inform the user about the change of the end-to-end cormection to audio only. 
Refer to figure E.2.5.2.2. 1.1. 

- The interworking node initiates an H.245 in-band negotiation to close the video channel. 

- The interworking node terminates the session. 



ETSI 



3GPP TS 29.163 version 8.5.0 Release 8 



219 



ETSI TS 129 163 V8.5.0 (2009-02) 



IMS 



Inteiworking Node(MGCF+ 
IM MGW) 
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1. SIP: INVITE [m=AI\/IR] 






2. SIP :200 OK (INVITE) [m= AlVIR] 


Video announcement p 


3. SIP: ACK 









Audio 



Video 



Figure E.2.5.2.2.1.1 : IIVI CN subsystem originated modification 
from multimedia to speech when the CS leg supports ISUP or BICC without SCUDIF 

E. 2. 5.2. 2. 2 Change from speech to multimedia 

Figure E.2.5.2.2.2.1 shows an IM CN subsystem originated attempt to change from speech to muhimedia during an 
ongoing session when the CS leg supports ISUP or BICC without SCUDIF. The interworking node receives an INVITE 
message that offers the adding of a video media to the ongoing speech session, message 1 . The interworking node turns 
down the offer and responds to the INVITE message with the speech codec in the 200 OK message to retain the speech 
only session, message 2. 



IMS 



Interworking Node 
(MGCF+ IM MGW) 



CS Network 



Speech 



1 . S!P: INVITE [m= AMR; m=H.263] 



2. S!P :200 OK (INVITE) [m= AMR] 



3. SIP: ACK 



Speech 



Figure E.2.5.2.2.2.1 : IM CN subsystem originated modification 
from speech to multimedia when the CS leg supports ISUP or BICC without SCUDIF 



E.2.6 Call release 

E.2.6.1 Call release initiated from the IM CN subsystem side 

When the MGCF has received a BYE message (signal 1 in figure E.2.6. 1.1) from the IM CN subsystem side, the MGCF 
may end the H.245 session between the IM-MGW and the CS network side (signal 3 in figure E.2.6. 1.1) firstly. 
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NOTE: A call release using only ISUP/BICC signalling at the CS side proceeds faster. H.324 terminals can 
handle situations where they do not receive H.245 call release signalling (see Clause 7.5.2 of ITU-T 
Recommendation H.324 [81]), and this scenario also occurs e.g. at loss of coverage or when a node 
transporting H.223 transparently releases the call. 

The procedure of ending the H.245 session is defined in the clause E4. After receiving the BYE message, the MGCP 
shall also send a 200 OK [BYEJ message (signal 2 in figure E.2.6.1.1) towards the IM CN subsystem. 

After ending the H.245 session, the MGCF shall send a REL message (signal 4 in figure E.2.6.1.1) to the succeeding 
node. If the IM CN subsystem interworks with ISUP based CS network, the interworking node shall release the 
resources for the IMS side and the CS network side (signal 6 in figure E.2.6.1.1) after sending the REL message. If the 
IM CN subsystem interworks with BICC based CS network, the interworking node shall release the resources for the 
IMS side and the CS network side (signal 6 in figure E.2.6.1.1) upon receiving the RLC message (signal 5 in 
figure E.2.6. 1.1) from the CS network side. The procedures of releasing the resources for the IMS side and the CS 
network side are specified in the present TS in clause 7. 

Figure E.2.6.1.1 shows the message sequence chart for the multimedia call release initiated from the IM CN subsystem 
side. 



IMS 



Interworking node 
(MGCF+ IM-MGW) 



CS Network 



1 . SIP: BYE 



2. SIP: 200 OK [BYE] 



3. H.245 Signalling to end the H.245 session | 
between the IM-MGW and the CS network side ! 
J 

4. BICC or ISUP: REL 



5. BICC: RLC 



6. Release the resources for the IMS side 
and the CS network side 



7. ISUP: RLC 



NOTE: Signal 7 is omitted when IM CN subsystem intenworks with BICC based CS network and Signal 5 is 
omitted when IM CN subsystem interworks with ISUP based CS network. 



Figure E.2.6.1.1 : Call release initiated from the IM CN subsystem side 



E. 2.6.2 Call release initiated from the CS network side 

If the CS network side initiates the call release, it possibly ends the H.245 session with explicit signalling (signal 1 in 
figure E.2.6. 2.1). The CS network side sends a REL message (signal 2 in figure E.2.6. 2.1) towards the IM CN 
subsystem. The procedure of ending the H.245 session is defined in the clause E4. 

When the MGCF receives a REL message (signal 2 in figure E.2. 6.2.1) from the preceding node, the MGCF sends a 
BYE message (signal 3 in figure E.2.6. 2.1) to the IM CN subsystem. After receiving the REL message, the 
interworking node also releases the resources for the IMS side and the CS network side (signal 4 in figure E.2.6. 2.1). 
The procedure of the releasing the resources for the IMS side and the CS network side are specified in the present TS in 
clause 7. After completion of resource release, the MGCF sends a RLC message (signal 5 in figure E.2.6. 2.1) towards 
the preceding node. Figure E.2.6. 2.1 shows the message sequence chart for the multimedia call release initiated from 
the CS network side. 
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IMS 



Interworking node 
(MGCF+ IM-MGW) 



CS Network 



3. SIE: BYE 



6. SIP : 200 OK [BYE] 



[ 1 . H.245 Signalling to end the H.245 session ' 
I (optional) I 

2. BICC or ISUP ; rel 



4. Release the resources for the IMS side 
and the CS network side 



5. BICC or ISUP: RLC 



Figure E.2.6.2.1 : Call release initiated from the CS network side 



E.2.6.3 Call release initiated from the interworking node 

The interworking node may end the H.245 session between the IM-MGW and the CS network side (signal 1 in 
figure E.2.6.3. 1) firstly. The procedure of ending the H.245 session is defined in the clause E4. 

NOTE: A Call Release using only SIP and ISUP/BICC signalling may proceed faster. H.324 terminals can handle 
situations where they do not receive H.245 call release signalling (see Clause 7.5.2 of ITU-T 
Recommendation H.324 [81]), and this scenario also occurs e.g. at loss of coverage or when a node 
transporting H.223 transparently releases the call. 

To release the call, the MGCF shall send a REL message (signal 2 in figure E.2.6.3. 1) to the succeeding node on the CS 
network side. The MGCF shall also send a BYE message (signal 3 in figure E.2.6.3. 1) to the IM CN subsystem side. 

If the IM CN subsystem interworks with ISUP based CS network, the interworking node shall release the resources for 
the IMS side and the CS network side (signal 5 in figure E.2.6.3. 1) after sending the REL message. If the IM CN 
subsystem interworks with BICC based CS network, the interworking node shall release the resources for the IMS side 
and the CS network side upon receiving the RLC message (signal 4 in figure E.2.6.3. 1) from the CS network side. The 
procedures of releasing the resources for the IMS side and the CS network side are specified in the present TS in clause 
7. Figure E.2.6.3. 1 shows the message sequence chart for the multimedia call release initiated from the interworking 
node. 
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IMS 



Interworking node 
(MGCF+ IM-MGW) 



3. SIP: BYE 



7. SIP: 200 OK [BYE] ^ 



CS Network 



1 . H.245 Signalling to end the H.245 session 
between the IM-MGW and the CS network side 



2. BICC or ISUP: REL 



4. BICC: RLC 



5. Release the resources for the IMS side 
and the CS network side 



6. ISUP: RLC 



NOTE: Signal 6 is omitted when IM CN subsystem interworks with BICC based CS network and Signal 4 is 
omitted when IM CN subsystem interworks with ISUP based CS network. 



Figure E.2.6.3.1 : Call release initiated from the interworking node 



E.3 User plane interworking 

E.3.1 Functionalities required in the IM-MGW for multimedia calls 
support 

To enable a multimedia Interworking, the IM-MGW needs to support the reframing of the H.263 video codec and the 
AMR audio codec between CS transport and PS transport as a minimum. The IM-MGW may also support the reframing 
of other codecs and the transcoding of audio and/or video codecs. 

At the CS side, the IM-MGW needs to terminate the H.223 protocol and multiplex / de-multiplex audio, video and 
H.245 signalling. How H.245 related information (e.g. H.245 messages or extracted information) is communicated 
between the MGCF and the IM-MGW is described in Clause E4. 



E.4 MGCF and IM-MGW interactions 
E.4.1 Introduction 

This clause describes requirements for extensions to the Mn interface protocol in 3GPP TS 29.332 [15] needed to 
support the Interworking of multimedia calls. ITU-T Recommendation H.248.1 [2] is used at the Mn interface. 

The H.245 signalling shall be handled by the MGCF. Upon reception of the H.245 messages from the CS side at the 
IM-MGW, the IM-MGW shall forward those H.245 messages as binary data within H.248 messages over the Mn 
interface towards the MGCF. Upon reception of encapsulated binary H.245 messages within H.248 messages, the IM- 
MGW shall forward those H.245 messages towards the CS side. 
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NOTE: Procedures to support MONA (see Annex K of ITU-T Recommendation 11.324 [87]) over the Mn 

interface are not defined in the present Release. Furthermore, the signalling flows in Clause E.2 may not 
show MONA related signalling in sufficient detail for MONA related Mn interface interactions. 



E.4.2 Mn signalling interactions 
E.4.2.1 Introduction 

The following Sub-Clauses describe the Mn interface procedures triggered by 11.245 signalling received in the IM- 
MGW and SIP and RTCP and BICC or ISUP signalling received in the MGCF. 



The H.248 context model depicted in figure E.4.2. 2. 1 shall be applied for Multimedia Interworking. 



Termination: 

Tl CS-Domain (CS-Bearer (BS30) for H.245 control, Speech, Video) 

T2 Multiplexing (H.245 control, Speech, Video) 

T3 Video (own RTP-stream) + Speech (own RTP-stream) 

Stream: 

Streaml (between Tl and T2) data (H.245 control, speech. Video) 
Stream2 (between T2 and T3) Video 
Stream3 (between T2 and T3) Speech 

Figure E.4.2.2.1 : 1-1.248 Context lUlodel for lUlultimedia Interworking 



E.4.2.3 Transport of H.245 messages between the MGCF and IM-IVIGW 
E.4.2.3.1 General 



H.245 messages shall be transported between the IM-MGW and MGCF over the Mn interface using H.248 Events 
(from the IM-MGW towards the MGCF) and H.248 Signals (from the MGCF towards the IM-MGW). The 
Events/Signals shall contain the following information: 

- H.245 message (binary). 



AH message sequence charts in these Sub-Clauses are examples. 



E.4.2.2 H.248 Context Model 



CS-Domain 
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IM MGW 



3. send H.245 message XXXX in H.223 streanr 



1. H.248 MOD.req 

[C=C1J=T2, 
signal=H245nnsgout 
{h245mc=XXXX} 



2. H.248 MOD.resp 




Signal 
H245 
Message 



Figure E.4.2.3.2.1: iUIn signalling interactions for sending H.245 message 

In Signal 1, the MGCF requests the IM-MGW to send an H.245 message to the CS side. To request the IM-MGW to 
send a H.245 message to the CS side, the MGCF shall sent an H.248 signal to the IM-MGW with the complete H.245 
message content. 

NOTE: In order for this command to succeed, Termination T1 towards tlie CS side needs to be configured. If a 

sending of an H.245 message and a removal of termination T1 is desired, the MGCF needs to apply signal 

1 before removing T1 . 

Upon reception of this signal, the IM-MGW shall send the encapsulated H.245 message within the H.248 signal, 
through the H.245 control channel to the CS side (signal 3). 



E.4.2.3.3 Transport from IM-MGW to MGCF 



IM MGW 




3. receive H.245 message XXXX in H.223 



1 H.248 ADD.reg 
[C=C1J=?... ,Event=H245msgin] 



2. H.248 ADD.resD 



H.248 : Notify.req 
[C=C1J=T2' 

Event=H245msgin 
{h245mc=XXXX}1 



5. H.248 : Notify, rasp 



Add 
Multiplex 
■JTermi nation 



Notify 
H245 
Message 



Figure E.4.2.3.3. 1 : Mn signalling interactions for receiving H.245 message 



In signal 1, the MGCF requests the IM-MGW to detect received H.245 message from the CS side and forward them to 
the MGCF. To request the IM-MGW to detect and forward a H.245 message to the CS side, the MGCF shall send a 
suitable H.248 event to the IM-MGW. The event may be indicated through an H.248 ADD command. 

In signal 3, the IM-MGW receives an H.245 message from the CS side. Upon reception of an H.245 message from the 
CS side, the IM-MGW shall de-multiplex the H.245 message from the H.223 stream and forward the H.245 message to 
the MGCF within an H.248 Notify command (signal 4). 



E.4.2.4 Call establishment procedure 

The following information shall be provided from the MGCF towards the IM-MGW: 

Properties to start H.223 Negotiation. 

Request for events for Notification of H.245 message received by the IM-MGW. 
- Signals to provide H.245 messages that the IM-MGW shall send towards the CS side. 
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- Properties to provide incoming and outgoing H.223 multiplex table. 

- Properties to provide H.223 logical channel parameters. 

- Property to provide remote H.223 capabilities. 

The Highest Multiplexing Level shall be predefined in the IM-MGW. 



ETSI 



3GPP TS 29.163 version 8.5.0 Release 8 



226 



ETSI TS 129 163 V8.5.0 (2009-02) 



IM MGW 



5. Bearer Establishment 



H.223: Multiplexing Level Negotiation 

[level =2[ 



[AMR 
IVIaster- 



[C^ 



. H.248 : ADD.req 
=?, T=?, stream=1] 



MGCF 



H.248 : ADD.resp 

[C=C1,1= T1] 



3. H.248 : ADD.req 
\Q,=C1, T=?, stream=2{Codec=H.263}, 
stream=3{Codec=AMR^ 



H.248 : ADD.resp 

[c=cr, T=r5| 



6. H.248 : ADD.req 
[C=C1, T=?, Mux=H223,T1, 
LocalControl{ muxlv=2} 
Event=H245msgin ] 



7. H.248 : ADD.resp 
\Q,= C1,J=T2] 



9. H.245: Terminal Capability Set 



MP4V-ES,H263 
$lave Determinat 



on 



10. H.245: Terminal Capability Set Ack. 
Master-Slave Determination Ack 



1 1 . H.245: Terminal Capability Set. 

[H.261,H.263,AMR\ 
Master-Slave Determination 



12. H.245: Terminal Capability Set Ack. Master-Slave Determination Ack 



-I- 

13. H.245: Open Logical Channel 
[H245 logical Channel = LC1\ 



-I- 

14. H.245: Open Logical Channel Ack 



15. H.245: 8pen Logical Channel 
[H245 logical Channel = LC2[ 
-I- 



16. H.245: Open Logical Channel Ack 



17. H.245: Multiplex Entry Send 



18. H.245: Multipex Entry Send Ack 



19. H.245: Multipex Entry Send 



-I- 

20. H.245: Multiplex Entry Send Ack 



21. H.248 : MOD.req 

[C=C1, 1=T2 

Stream=1{LocalCont{h223capr,muxtblJn,muxtbLout}} 
stream=2{LCN=Z.Cr, Codec=H263} 
stream=3{LCN=Z.C?, Codec=/l/l^/7jil 



22. H.248 : MOD.resp 



23. H.248 : MOD.req 
[C=C1, T=3, stream=2{Codec=H?65/ 

stream =3{Codec=AM R] 

24. H.248 : MOD.resp 
[C=C1,1=T3[ 



Prepare Bearer or 
Establish Bearer or 
Reserve TDM Circuit 

Reserve IMS 
Connection Point or 
Reserve IMS 
Connection Point 
and Configure 
Remote Resources 



Add 
Multiplex 
Termination 



Configure 
Multiplex 
Termination 



Configure IMS 
Ressources 



NOTE 1 : All H.245 messages (from Signal 9 to Signal 18) are transported through the IM-MGW between the MGCF 

and the OS side, using the procedures described in Clause E.4.2.3 
NOTE 2: Signals 21 and 22 are omitted if the same codec Information has already been provisioned in signal 3. 

Figure E.4.2.4.1 : Mn signalling interactions for H.245 termination at the MGCF 
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The MGCF shall request terminations towards the CS network (Signal 1 and 2) and towards the IMS (Signal 3 and 4). 
For the terminations towards the IMS, the MGCF provides an estimate about the applicable codecs in the required 
information elements "Local IMS Ressources" (for both "Reserve IMS Connection Point" procedure and "Reserve IMS 
Connection Point and Configure Remote Resources" procedure) and possibly "Remote IMS Ressources" (only for 
"Reserve IMS Connection Point and Configure Remote Resources" procedure). 

The MGCF shall request that the H.223 stream is (de-)multiplexed at the MUX termination T2, and that the H.245 
control in H.223 Logical channel is separated (signal 6). Furthermore, the MGCF shall request that the H.223 
negotiation is started, and shall request to be notified about all H.245 messages received by the IM-MGW. 

The IM-MGW shall start the H.223 Multiplexing Level Negotiation after receipt of the corresponding request from the 
MGCF and CS bearer establishment (Signal 8). 

Upon reception of a H.245 Terminal CapabiUty Set message (Signal 9), the MGCF sends a H.245 Acknowledgment 

message (Signal 10). 

The MGCF shall know the H.324 related capabilities of the IM-MGW before starting the H.245 capability negotiation 
with the CS side, e.g. through configuration. The H.245 Terminal Capability Set message send by the MGCF (Signal 
11) should include the codecs which are supported by both the IMS side and the IM-MGW, and the codecs which could 
be transcoded by the IM-MGW from the codecs supported by the IMS side. 

The MGCF may defer sending the Terminal Capabihty Set message (Signal 1 1) for some time to wait for codec 
information from the CS peer's Terminal Capability Set message and perform a possible IMS-side codec re-negotiation. 
To avoid blocking situations, the MGCF shall not defer sending the signal for an excessive period of time. 

To avoid the CS side selecting the codecs that need to be transcoded at the IM-MGW, the MGCF should aim to be the 
master in the H.245 master-slave determination procedure (Signals 9 to 12). The MGCF shall set the Terminal Type 
parameter as a number larger than 128 in the H.245 Master Slave Determination message. The H.245 master-slave 
determination procedure could be combined with the messages used for the H.245 capability exchange. 

The codecs contained both in the sent and received terminal capability set message may be selected at the CS side. The 
final decision of the selected codecs at the CS side is taken with the H.245 open logical channel procedure (Signals 13 
to 16). 

After the completion of the H.245 multiplex table exchange procedure (Signals 17 to 20), the MGCF shall configure the 
multiplexing termination T2 by indicating to the IM-MGW the contents of the incoming and outgoing multiplex tables 
(Signal 21). 

If codec information needs to be changed compared to what has been provisioned in signal 3, the MGCF shall also 
configure T3 with the appropriate video and/or speech codec(s) (signal 23). 

The call is in the active state. 

E.4.2.5 Handling of H.245 indication message 
E.4.2.5.1 Overview 

The MGCF shall support the following H.245 indication messages: Function Not Understood Indication / Function Not 
Supported Indication, Jitter Indication. The MGCF may support the H.245 User Input Indication message. All these 
H.245 messages are conveyed between the MGCF and the CS side through the IM-MGW, as described in clause 
E.4.2.3. 

E.4.2.5. 2 Function Not Understood / Function Not Supported message 

This indication message is used to return requests, responses and conmiands that are not imderstood back to the 
transmitter. 

If the MGCF receives a Function Not Understood or Function Not Supported message from the CS side, the MGCF 
may choose to attempt simpler H.245 interaction than the previous H.245 interaction that caused this indication. If this 
is not possible, the MGCF may release the call. 

If the MGCF receives a H.245 request, response or command that can not be imderstood, the MGCF shall send H.245 
Function Not Supported indication message to the CS side. 
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E.4.2.5.3 User Input Indication message 

The User-Input-Indication message is used e.g. to transport the in-band DTMF information in the H.324 system. 

The MGCF and IM-MGW may support transporting the DTMF information both from the CS side to the IMS side, and 
from the IMS side to the CS side. 

Upon Receipt of a H.245 User-Input-Indication message, the MGCF may apply the procedures in Clause 9.2.8.3 to 
request the IM-MGW to send corresponding RTP telephone-event(s) towards the IMS side. 

Upon receipt of RTP telephone events from the IMS, the MGCF will be notified by the IM-MGW using the procedures 
in Clause 9.2.8.1, if the MGCF has previously configured the IM-MGW as also described in this Clause. Upon receipt 
of the notification, the MGCF may send a H.245 User-Input-Indication message to the CS side. 

E.4.2.6 Handling of H.245 Command message 
E.4. 2.6.1 Overview 

The MGCF shall support the End Session command message. The MGCF may support the Flow Control command 
message. AH these H.245 messages are conveyed between the MGCF and the CS side by the IM-MGW, as described in 
clause E.4.2.3. 

E.4.2.6. 2 Flow control command 

The flow control command is used to restrict the upper hmit of bit rate of either a single logical channel or the whole 
multiplex stream. The MGCF may support the flow control conmiand received from the CS side. 



IM MGW MGCF 










Call In Active State 






1 . H.245: Flow Control Command 


e 

9.SIP:relNVITE 
10.SIP:200 OK 


C 

M 


► 

2.H.248: Modifv.req 
C=C1,T=T2,stream{LCN}, stream mode=Recieve Only 


3.H.248: Modify.rsp 


4. H.24fS: r;in.<;fi 1 nginal ChannfilfOIrl 1 ON} 

Open Logical Channel {New LCN} 

5. H.245: Close Logical Ciiannei ACK {Old LCN] 

Open Logical Channel ACK{New LCN} ^ 

6. H.248: Modify.req 

=C1 ,T=T2,stream{New LCN, codec}, stream mode = sendrecei\ 

7. H.248: Modify.rsp 

8. H.245: Flow Control indication 




11. H.248: Modify.req 
C=C1 ,T=T3,stream{codec} 

12. H.248: Modify.rsp 



Figure E.4.2.6.2.1 : Mn procedure of Flow control command 



In Signal 1, the MGCF receives the Flow Control Command from the CS side. 
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If the minimum bitrate of the current codec is larger than the bitrate requested by the H.245 Flow Control Command 
message, the MGCF indicates the IM-MGW to stop the transmission of the media stream over the logical channel 
(signal 2). Then the MGCF may select another codec that can satisfy the requested bitrate limit. In signal 4, the MGCF 
closes the old logical channel and opens a new logical channel with new codec to satisfy the bitrate limit in the CS side. 
In signal 6, the MGCF indicates the IM-MGW to modify the LCN, codec and stream mode of the multiplexing 
termination. In signal 8, the MGCF sends flow control indication message to CS side with the current maximum bitrate. 
If the MGCF chooses to change the CS-side codec, the MGCF may also adjust the codec at the IMS side accordingly. 
To do so, the MGCF may need to re-negotiate the codec at the IMS side using a SIP re-INVITE message (signals 9 and 
10). In addition, the MGCF may modify the codec of IMS termination accordingly (signal 11). 

E.4.2.6.3 End Session Command 

The end session command is used to close the H.245 control channel after all the logical channels have been closed. 

The MGCF may send an end session command to the CS side through the IM-MGW to release a call. 

If the MGCF receives an end session command from the CS side, it shall release the call if the call is in the active state. 



Media Oriented Negotiation Acceleration (MONA), as specified in ITU-T H.324 Amendment 1 [87] provides 
simplified procedures that allow for a faster call set-up of a H.324 Multimedia call than standard H.324 procedures, and 
also allow for a fallback to standard H.324 procedures if either party does not support the enhanced procedures. 

The support of MONA is optional for an IM-MGW and MGCF supporting multimedia interworking, as no call failure 
but only a fallback to standard H.324 setup procedures will occur if the procedures are not supported. 

MONA "preference message" signalling is used instead of H.324 Multiplexing level negotiation. Should standard H.324 
Multiplexing level stuffing flags be received, a fallback to standard H.324 procedures is triggered. The sending of 
MONA preference messages is repeated by each MONA capable H.324 terminal until a reception is acknowledged by 
the peer. During this phase, two PDU types may optionally be attached by MONA terminals to these preference 
messages: 

Media Preconfigured Channel (MPC) PDUs: MONA defines a small number of preconfigured H.223 channels 
for the most widespread audio and video codecs (AMR, AMR-WB, H.264 MPEG4 and H.263). Media PDUs for 
these codecs may be attached to the MONA "preference message" during the call setup. 

- SignalUng Preconfigured Channel (SPC) PDUs: These PDUs are H.245 generic request messages with special 
parameters defined by MONA. These PDUs may also be attached to MONA preference messages. 

According to MONA, each MONA capable terminal shall support at least one of these PDU types. The MONA 
capability of the IM-MGW can be audited by the MGCF. 

The MONA preference message exchange in combination with attached MPC or SPC PDUs may result in the 
establishment of the desired media channels without further H.245 signalling. Otherwise, H.245 will be used after the 
MONA preference message exchange is acknowledged to negotiate media channels, but MONA defines some 
accelerated H.245 procedures (ACP) to speed up these H.245 procedures. 

The design of Mn procedures to support MONA is guided by the following considerations: 

- The H.245 handling should be performed in the MGCF to keep procedures aligned as far as possible with 
standard Mn procedures to support H.324 interworking. 

- The MGCF should also control MONA preference message exchange procedures in order to maintain the agreed 
architectural work split between MGCF and IM-MGW in analogy to the H.245 handling. 

However, the IM-MGW needs to understand the MONA preference messages at least to a sufficient degree to 
de-encapsulate the possibly attached MPC and SBC PDUs. 



E.4.2.7 



Mn Signalling Interactions to support the Media Oriented 
Negotiation Acceleration (MONA) 



E.4.2.7.1 



Overview 
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Furthermore, the frequent retransmissions of MONA preference messages required by MONA procedures are to 
be performed by the IM-MGW autonomously to avoid unnecessary load at the Mn interface and the MGCF. 

Furthermore, for resource reservation at the IM-MGW, it is assumed that the IM-MGW has knowledge about 
supported predefined Media Preconfigured Channel configurations as specified in Clause K.9.2 of H. 324 
Amendment 1 in order to limit the amount of information transferred in the Mn interface when establishing MPC 
channels. The offered channel resources are reserved by the IM-MGW. 

In order to avoid increasing call establishment time when interworking with legacy terminals and at the same 
time avoid unnecessary load at the Mn interface, the MGCF may initiate both MONA and legacy H.245 
procedures simultaneously in parallel. The MGCF shall in this case arm a legacy detection event with an 
embedded signal descriptor including the initial legacy H.245 message. The IM-MGW will only send the signal 
in case a fallback condition to legacy is detected. 

Editor's note: It is FFS whether the mux-level-indication event can be used as a legacy detection event, and whether 
it is more feasible than the mechanism for legacy detection described. 
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E.4.2.7.2 Mn Interactions for MONA preference messages 



5. Bearer Establishment 



8. MONA preferences 

[ack=00] 



8. MONA preferences 

[ack=00] 



9. MONA preferences 

[ack=001 



10. MONA preferences 

[ack=01l 



9. MONA preferences 

[ack=00] 



10. MONA preferences 

[ack=011 



[C: 



H.248 : ADD.req 
T=?, stream=1] 



2.tL24a: ADD.resp 

[c=c/, T=n; 



3. H.248 : ADD.req 
[C=C7, T=?, stream=2(Codec=H.263}, 
stream=3{Codec=AMR;] 



. H.248 : ADD.resp 
[C=C), 1=73] 



6. tL24a; ADD.req 
[C=C1, T=?, Mux=H223,T1, 
LooalControl{MONA preferences, muxlv=2} 
Event=legaoyDetected(h245msgout[octet string]), 
MONA-preference-reception, MONA-preference- 
completed, H245msgin, 
[MPC-reception, SBC-reception] ] 



7. H.248 : ADD.resp 

[C=Cr, T=T21 



1 1 . H.248 : Notify. req 

IC=C1J=T2' 

Event=MONA-preference-receptiom 
(MONA preferences)] 



12. H.248 : Notify.resp 



Prepare Bearer or 
Establish Bearer or 
Reserve TDiyi Circuit 

Reserve IMS 
Connection Point or 
Reserve IMS 
Connection Point 
and Configure 
Remote Resources 



Add 
Multiplex 
Termination 



Notify 
MONA 
prefrence 
reception 



13. MONA preferences 

[ack=01] 



14. MONA preferences 

[ack=10] 



13. MONA preferences 

[ack=01] 



14. MONA preferences 

[ack=10] 



Optional Procedures lor reception ol SPC PDU, sending ol SPG PDU, reception ol MPG 
PDU, sending 01 MPC PDU 



15. MONA preferences 

[ack=10] 



16. H.248 : Notify. req 
\C=C1,1=T2' 
Event=MONA-preference -completed] 



17. H.248 : Notify.resp 



Notify 
MONA 
prefrence 
completed 



18. Accelerated H.245 call setup procedures 



19. H.248 : MOD. req 

[C=cr, 1=72, 

Stream=1{LocalCont{h223capr,muxtblJn,muxtbLout)) 
stream=2{LCN=LCr, Codec=H263; 
stream=3{LCN=i.C2, Codec^AMR}] 



20. H.248 : MOD.resp 



21. H.248 : MOD. req 
=C/, T=3, stream=2{Codec=H263;, 
stream=3{Codec=AM R] 



22. H.248 : MOD.resp 
[C=Cr,T=73] 



Configure 
Multiplex 
Termination 



Configure IMS 
Ressources 



NOTE 1 : MONA preference messages are repeated several times. One repetition is shown for eacli such message, 

with the same signal number as the first message. 
NOTE 2: The Context model in figure E.4.2.2.1 is assumed in this call flow. 

Figure E.4.2.7.2.1 : Mn signalling interactions for MONA preference messages 

The MGCF shall request terminations towards the CS network (Signal 1 and 2) and towards the IMS (Signal 3 and 4). 

For the terminations towards the IMS, the MGCF provides an estimate about the applicable codecs in the required 
information elements "Local IMS Resources" (for both "Reserve IMS Connection Point" procedure and "Reserve IMS 
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Connection Point and Configure Remote Resources" procedure) and possibly "Remote IMS Resources" (only for 
"Reserve IMS Connection Point and Configure Remote Resources" procedure). 

The MGCF shall request that the H.223 stream is (de-)multiplexed at the MUX termination T2 (signal 6). Furthermore, 
the MGCF shall request that MONA preferences negotiation is started, and shall provision the MONA preferences to be 
indicated by the IM-MGW. The MGCF shall encode the MONA preferences as described in Clause 6 of ITU-T H.324 
Amendment 1 [87]. The MGCF shall take the H.324 related capabilities of the IM-MGW into account in the MONA 
preferences. The MGCF can know these capabilities by configuration. The IM-MGW will only support symmetric 
codec usage. If several codec alternatives are offered for MPC, it is the responsibility of the MGCF to ensure that 
symmetric codecs are established by not selecting transmit codec until the receive channel has been opened by MPC 
media. The MGCF shall also request to be notified about the reception of the remote MONA preferences and about the 
completion of the MONA preference exchange, or an H.245 message on the H.223 control channel. The MGCF may 
also initiate standard H.245 signaling in parallel in order to minimize the time for a legacy interworking fallback. This is 
done by arming a legacy detection event including an embedded signal descriptor. The embedded signal is the intial 
H.245 message out signal (including H.245 TCSh-MSD) to send in case fallback to legacy interworking is detected. The 
IM-MGW will only send the embedded signal in case it detects H.223 related indications of a legacy interworking as 
specified in Clause K.7.1.2 in H.324 Amendment 1. Upon receiving the legacy detected event, the MGCF continues 
with standard H.245 call setup procedures waiting for the reception of a remote H.245 TCS as well as 
acknowledgements on the sent H.245 TCS-hMSD. If the MGCF indicates the capability to receive SPC PDUs within the 
MONA preferences, it shall also request to be notified about incoming SPC PDUs, as detailed in Clause E. 4. 2. 7.4. If 
the MGCF indicates the capability to receive any MPC PDUs within the MONA preferences, it shall also request to be 
notified about incoming MPC PDUs, as detailed in Clause E.4. 2.7.3. 

The IM-MGW shall start sending MONA preference messages after receipt of the corresponding request from the 
MGCF and CS bearer establishment (Signal 8). The IM-MGW shall repeat sending those messages and increment the 
acknowledgment bits of sent MONA preference messages when receiving incoming MONA preference messages 
according to MONA procedures (signals 8, 10, 14). 

After sending at least 10 MONA preference messages, while the IM-MGW continues to send and receive MONA 
preference messages, it shall attach MPC or SPC PDUs if requested to do so by the MGCF as described in Clauses 
E.4.2.7.3 and E.4.2.7.4, respectively. If the IM-MGW receives preference messages with an attachment, it shall inspect 
the first octet of that attachment that will contain a MUX code according to table K.15 of ITU-T H.324 Amendment 
[87] that identifies the attached PDU as either a MPC PDU of one of the predefined channels or a SPC PDU. The IM- 
MGW shall handle the attached MPC or SPC PDUs as described in Clause E.4.2.7.3 and E.4.2.7.4, respectively. 

After sending at least 10 MONA preference messages, the IM-MGW should insert stuffing flags indicating the 
multiplexing level received from the MGCF between MONA preference messages as described in Clause K.7.1.1 of 
ITU-T H.324 Amendment 1[87]. 

The IM-MGW shall notify the MGCF when receiving the first incoming MONA preference message (Signals 1 1 and 
12) and forward the received information. Subsequent incoming MONA preference message will be identical apart 
from possible increments in the acknowledgement bits. The IM-MGW shall not notify the MGCF about these messages. 
Upon reception of the notification of a MONA preference message, the MGCF shall compare the received MONA 
preferences message with the preferences message it sent and react as described in Clause 7.1 of ITU-T H.324 
Amendment [87]. 

When receiving an incoming MONA preference message with acknowledgment bits 10, the IM-MGW shall stop 
sending MONA preference messages and notify the MGCF about the completion of the MONA preference exchange 
procedure (signals 16 and 17). 

After receiving the notification about the completion of the MONA preference exchange procedure, and a completion of 
the possible subsequent accelerated H.245 setup procedures, the MGCF shall configure the multiplexing termination 
T2 by indicating to the IM-MGW the contents of the incoming and outgoing multiplex tables (Signal 19), and may 
modify the selected codecs at both the MUX and the IMS side (signal 21). 
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E.4.2.7.3 Mn Interactions for MONA MPCs 



MONA preference message- 
Mux Code, MPC PDU 

MONA preference message- 
Mux Code, MPC PDU 

MONA preference message. 
Mux Code, MPC PDU 



MONA preference message. 
Mux Code, MPC PDU 

MONA preference message. 
Mux Code, MPC PDU 



IM MGW 



MGCF 



1 H,248 ADD.req 
[C=C1J=? ... ,Event=M PC-reception] 



2. H,248 ADD. rasp 



3. H.248 : MOD.req 
[C=C1, T=T2, 
Stream=1{LocalCont{h223capr,muxtblin,muxtbl_out}} 
stream=2{LCN=/.C?, Codec=H263; 
stream=3{LCN=/.C2, Codec=>AMR;] 



Add 
Multiplex 
Termination 



4. H.248 : MOD.resp 



7 H,248 : Notify. req 
[C=C1J=T2 ' 

Event=MPCin 
{muxcode=Mux Code}] 



8 H,248 : Notify.resp 



9. H.248 : MOD.req 
[C=C1, T=T2, 
Stream=1{LocalCont{,muxtbl_in}}] 



10. H.248 : MOD.resp 



Configure 
Multiplex 
Terminatioi 



Notify 
MPC 



Configure 
Multiplex 
Terminatio 



NOTE 1 : MONA preference messages are repeated several times. One repetition is shown for each such message, 

with the same signal number as the first message. 
NOTE 2: The Context model in figure E.4.2.2.1 is assumed in this call flow. 

Figure E.4.2.7.3.1 : Mn interactions for lUlONA lUlPCs 



If the IVtGCF indicates the ability to receive any predefined JMPCs channel types in the MONA preferences messages, 
the IVIGCF shall request the IIVI-IVIGW to report the channel type of received MPC PDUs (Signal 1). 

If the MGCF intends to use MPCs for sending media during the MONA setup, the MGCF shall request the IM-MGW to 
send media encoded according to one or several of the media predefined channel types defined by MONA (signal 3) 
while the MONA preference exchange described in Clause E.4.2.7.2 is ongoing. The MGCF should select channel types 
for codecs which are supported by both the IMS side and the IM-MGW, and/or for codecs which could be transcoded 
by the IM-MGW from the codecs supported by the IMS side. The MGCF may also configure the MGW to receive these 
channels at the same time. 

Upon reception of this request, the IM-MGW shall forward any media received from the IMS side in MPC PDUs of the 
corresponding predefined charmel type attached to MONA preference messages, transcoding the media if required. 
(Signal 5) 

If the IM-MGW receives the first MONA preference message with attached MPC PDU of a given predefined channel 
type (signal 6), and the MGCF has requested a notification about such an event, the IM-MGW shall notify the MGCF 
about the received channel type (signal 7). The IM-MGW shall not notify the MGCF about subsequent receptions of 
MPC PDUs of the same channel type. 

Upon reception of such a notification, if the IM-MGW supports the indicated channel type and has not yet been 

configured to receive media of that channel type, and if the MGCF has previously indicated the capability to receive 
MPCs of that channel type within MONA preference messages, the MGCF shall configure the IM-MGW to receive 
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media of that channel type and forward them to the IMS side. (Signal 9) The MGCF should also check if all desired 
media channels have been established. Otherwise the MGCF should use accelerated H.245 procedures as defined by 
MONA to set up media channels. Corresponding H.245 messages shall be transported transparently between the IM- 
MGW and the MGCF using the "Signal H.245 message" and "Notify H.245 message" procedures. 

The MGCF can receive a forwarded MONA preference message from the IM-MGW when the MGCF has already 
configured the IM-MGW to send media on an MFC. If the processing of this message in the MGCF leads to the 
conclusion that MFC procedures need to be aborted because SFC preferred (SFF) is determined, the MGCF shall 
configure the IM-MGW to terminate MFC operations by removing the MFC related event MFC-reception and MFC 
sending related media streams. 



E.4.2.7.4 Mn Interactions for MONA SPCs 



E.4.2.7.4.1 General 

H.245 PDUs for SFC shall be transported between the IM-MGW and MGCF over the Mn interface using H.248 Events 
(from the IM-MGW towards the MGCF) and H.248 Signals (from the MGCF towards the IM-MGW). The 
Events/Signals shall contain the following information: 

- H.245 message (binary). 

The related procedures are distinct from the procedures in Clause E.4.2.3, since the PDUs are received or sent by the 
IM-MGW using the SFC, i.e. as attachment to MONA preference messages. 

If the MGCF supports SFCs, it shall comply with the SFC procedures in Clause K.8 of ITU-T H.324 Amendment 1[87]. 

The repetition of sending the same SPCs will be handled by the IM-MGW. When the MGCF receives an 
acknowledgement from the CS side it shall request the IM-MGW to stop the repetition sending of the SPCs, 

Within the sent SFC PDUs, the MGCF should include the codecs which are supported by both the IMS side and the IM- 
MGW, and the codecs which could be transcoded by the IM-MGW from the codecs supported by the IMS side. 



E.4.2.7.4.2 



Transport from MGCF to IM-MGW 



IM MGW 



3. 



send H.245 message XXXX attached to 
I MONA prefrence request 



send H.245 message XXXX attached to 
MONA prefrence reguest 



1. H.248 MOD.reg 
[C=C1J=TZ 
signal=SPCout 
{h245mc=XXXX} 




2. H.248 MOD.resp 



Signal 
SRC 



NOTE 1 : MONA preference messages are repeated several times. One repetition is shown for eacli such message, 

with the same signal number as the first message. 
NOTE 2: The Context model in figure E.4.2.2.1 is assumed in this call flow. 

Figure E.4.2.7.4.2.1 : Mn interactions for sending lUlONA SPCs 



In Signal 1, the MGCF requests the IM-MGW to send an H.245 message to the CS side. To request the IM-MGW to 
send a H.245 message to the CS side, the MGCF shall sent an H.248 signal to the IM-MGW with the complete H.245 
message content. 

Upon reception of this signal, the IM-MGW shall send the encapsulated H.245 message within the H.248 signal, as 
attachment to a MONA preference message as described in Clause K.9.4 of ITU-T H.324 Amendment 1 [87] (signal 
3). It should repeat sending this H.245 message as attachment to subsequent MONA preference messages. 
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IM MGW 




receive H.245 message attached to 
MONA preference message 



1 H.248 ADD.req 
[C=C1J=? ... ,Event=SPC-reception] 



2. H.248 ADD. rasp 



H.248 : Notify. req 

■ [C=C1J=T2' 

Event=SPCin 
|h245mc=XXXX}] 



5. H.248 : Notify. rasp 



Add 
Multiplex 
■JTermi nation 



Notify 
SPC 



NOTE 1 : MONA preference messages are repeated several times. One repetition is shown for each such message, 

with the same signal number as the first message. 
NOTE 2: The Context model in figure E.4.2.2.1 is assumed in this call flow. 

Figure E.4.2.7.4.2.1 : Mn interactions for receiving lUlONA SPCs 

In signal 1, the MGCF requests the IM-MGW to detect received H.245 message from the CS side in SPC PDUs 
attached to MONA preference messages and forward them to the MGCF. To request the IM-MGW to detect and 
forward these H.245 message, the MGCF shall send a suitable H.248 event to the IM-MGW. The event may be 
indicated through an H.248 ADD connmand. 

In signal 3, the IM-MGW receives an H.245 message from the CS side attached as SPC PDU to a MONA preference 

message. Upon reception of such an H.245 message from the CS side, the IM-MGW may check, based on bitwise 
comparison of the previously received H.245 message, if it has already forwarded the same H.245 message to the 
MGCF, in which case the IM-MGW may choose not to forward the same H.245 message to the MGCF. Otherwise the 
IM-MGW shall forward the H.245 message to the MGCF within an H.248 Notify conomand (signal 4). 

NOTE: According to H.324 [xx] a MOS request Ack message shall be sent to every received MOS request. If the 
IM-MGW chooses, based on the bitwise comparition, not to forward the received H.245 messae to the 
MGCF, no MOS requestAck message wiU be generated. However, the MGCF will request the IM-MGW 
to automatically retransmit the MOS requestAck message generated by the MGCF itself. 

If the IM-MGW does not support forwarding SPC PDUs or has not been requested by the MGCF to forward these 
PDUs, it shall discard received SPC PDUs. 
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E.4.2.7.5 Mn Interactions for fallback from MONA procedures to standard H.324 setup 



5. Bearer Establishment 



8. MONA preferences 

[ick=05] 



8. MONA preferences 

[ack=001 



9. Legacy interworking condition 



10. octet string (H.245 TCS+MSD) 



1 . H,248: ADD.req 

[C=?, T=?, stream=1] 



2. hL24S.: ADD.resp 
[C=C1,T=T1] 



3. H.248 : ADD.req 
[C=Cr, T=?, stream=2{Codec=H.263}, 
stream=3{Codec=AMR;] 



4. H.248 : ADD.resp 
IC=C1,7=T3] 



6. H.248 : ADD.req 
(C=C1, T=?, Mux=H223,T1, 
LocalControl{MONA preferences, muxlv=2}, 
Event=legacyDetected(ti245msgout[octet string]), 
MONA-preference-reception, MONA-preference- 
completed, H245msgin, 
MPC-reception, SBCin ] 



7. H.248 : ADD.resp 
[C=C», T=r2; 



1 1 . H.248 : Notify.req 
[C=C1,J=T2' 

Event=legacyDetected 



12. H.248 : Notify. resp 



Prepare Bearer or 
Establish! Bearer or 
Reserve TDM Circuit 

Reserve IMS 
Connection Point or 
Reserve IMS 
Connection Point 
and Configure 
Remote Resources 



Add 
Multiplex 
Termination 



Notify detection of 
legacy intera/orking 



13. standard H.245 call setup procedures continuation, Figure E.4.2.4.1 starting with step 9 



NOTE 1 : MONA preference messages are repeated several times. One repetition is shown for each such message, 

with the same signal number as the first message. 
NOTE 2: The Context model in figure E.4.2.2.1 is assumed in this call flow. 

Figure E.4.2.7.5.1 : Mn signalling interactions for fallback from MONA procedures to standard H.324 

setup 

When the MGCF requests that the MONA preferences negotiation is started, the MGCF may also initiate standard 
H.245 signalUng towards the IM-MGW that shall only be sent in case the IM-MGW detects legacy interworking. The 
MGCF arms an event to detect legacy interworking with an embedded signal descriptor including an H.245 message out 
signal. The embedded H.245 signal is the initial H.245 TCS+MSD signal to send in case fallback to legacy interworking 
is detected.. The MGCF shall also request to be notified about a H.245 message on the H.223 control channel. The 
MGCF shall also provision a multiplexing level which will be advertised by the IM-MGW. (Signal 6). 

If the IM-MGW detects a legacy interworking condition (signal 9), it shall stop sending MONA preference messages. 
The IM-MGW shall engage in normal H.324 multiplexing level negotiations. In case the MGCF armed a legacy 
detection event, the embedded H.245 signal shall be sent by the IM-MGW (signal 10). The legacy detection event is 
sent to the MGCF (signal 11). 

The MGCF shall upon detection of legacy interworking stop MONA procedures and continue with standard H.245 call 
set up procedures, as depicted in Figure E.4.2.4.1 starting with step 9. 

If the IM-MGW receives a normal H.245 message (not depicted), it shall also forward this message to the MGCF. If the 
MGCF receives such a H.245 message during the MONA call setup, and this H.245 message is a normal Terminal 
Capability Set message, the MGCF shall also stop MONA procedures and continue with standard H.245 call set up 
procedures, as depicted in Figure E.4.2.4.1 starting with step 9. To stop MONA related procedures at the IM-MGW, the 
MGCF shall remove the MONA related signals (note that SPCout causes the MGW to send the contained H.245 
message several times) and events (MonaPreferenceReception, MonaPreferenceCompleted, SPC-reception and MPC- 
reception) and possibly MPC sending related media streams. 
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E.4.2.8 Interworking between RTCP messages and H.245 messages 
E.4.2.8.1 Overview 

The following sub-clauses describe the interworking procedures between the RTCP messages listed in table E.4.2.8. 1.1, 
which are used to enhance the quality of the media distribution by MTSI terminals at the IMS side, and the 
corresponding H.245 messages in 3G-324M at the CS side listed in Table E.4.2.8. 1.1. 

As the H.245 protocol is terminated at the MGCF and RTCP is received at the IM-MGW, Mn procedures to support the 
transfer of RTCP related information are defined in the following Sub-Clauses to support this interworking. 



Table E.4.2.8.1 .1 : RTCP and H.245 messages that may be interworked 



RTCP Messages 


H.245 messages 


Remarks 


Picture Loss Indication (PLI) ([109]) 


VideoFastUpdatePicture 




Temporary Maximum Media Stream 
Bit Rate Request (TMMBR) ([110]) 


Flow Control Command/ Flow 
Control Indication 


The reception of TMMBR at the 
IMS side is expected to be more 
frequent than the reception of Flow 
Control Command at the CS side. 



The interworking shown in Table E.4.2.8. 1.1 is only applicable if video is relayed without transcoding. 

If transcoding is appUed, the IM-MGW should adopt its transcoder accordingly if receiving the RTCP messages listed 
in Table E.4.2.8. 1.1, and the MGCF should configure the transcoder in the IM-MGW accordingly if it receives the 
H.245 messages in Table E.4.2.8.1. 1. 

For an MGCF and IM-MGW that support video interworking as specified in the present Annex E, the support of the 
procedures in the present Clause E.4.2.8.2 and E.4.2.8. 3 is optional. 

E.4.2.8.2 IM CN subsystem originated RTCP messages 

The MGCF may configure the IM-MGW to detect specific received RTCP packets and forward information derived 
from it by providing a bit pattern(s) for bits 3-15 of incoming RTCP packets as filter criterion in an event descriptor of 
event "RTCP-interworking". Bits 3-7 in the RTCP packet represent the Feedback message type (FMT), and bits 8-15 in 
the RTCP packet represent the Payload type (PT) RTCP header fields, see IETF RFC 4585 [109]. For instance, to 
request that a AVPF Picture Loss Indication (PLI) packet is detected for interworking, the MGCF needs to configure a 
combination of PT=206 (Payload-specific FB message) and FMT=1 (see IETF RFC 4585 [109]). To request that a 
AVPF Temporary Maximum Media Bit-rate Request (TMMBR) packet is detected for interworking, the MGCF needs 
to configure a combination of PT=205 (transport layer feedback message) and FMT=3 (see IETF RFC 5104 [110]). 

A IM-MGW configured in this way shall check after receiving an incoming RTCP Packet if it is of a desired type, as 
expressed by a bit pattern received from the MGCF. An incoming RTCP message can be of compound format and 
contain several RTCP packets. The IM-MGW shall then perform the check separately for each packet. If the IM-MGW 
determines that the received RTCP packet is of a desired type, the IM-MGW shall send information derived from the 
RTCP message as ObservedEventsDescriptor Parameter(s) of event "RTCP-interworking" in an H.248 "Notify" 
message to the MGCF. 

The information derived from the RTCP message to be sent to the MGCF is listed in table E.4.2.8.2. 1. Information 
elements in table E.4.2.8.2. 1 shall only be sent if the corresponding RTCP message has been received. 
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Table E.4.2.8.2.1 : RTCP information elements to be notified over lUIn 



rf 1 message 


inToriTiaiion eieinenis iransponeu 
over Mn interface 


neiiiarivs 


Picture Loss Indication 
(PLI) ([109]) 


UpdatePicture 




Temporary IVIaximum 
Media Stream Bit Rate 
Request (TMMBR) ([110]) 


MaxBitRate 


This information indicates the 
maximum media stream bit rate as 
received within the TMMBR. 



Figure E.4.2.8.2.2.1 shows examples of interactions between RTCP and H.245 for IM CN subsystem originated 
feedback on the quahty of the media distribution. 



IMS 



CALL IN ACTIVE STATE 



3. receive RTCP feedback messages 



4. send RTCP feedback Ack messages 



1. H.248: MOD.req [C=C1, T=T1- 
Event=RTCP-lnteiworking] 



2. H.248: MOD.resp 



5. H.248: Notify. req [C=C1, T=T1, 
Event=RTCP-i nterworking] 



6. H.248: Notify.resp 



CS Network 



7. send H.245 message 



8. receive H.245 message response 



Figure E.4.2.8.2.2.1 : Interactions between RTCP and H.245 for IIUI CN subsystem originated RTCP 

feedback on the quality of the media distribution 

In signal 1, the MGCF requests the IM-MGW to detect received RTCP feedback message from the IMS side and notify 
the feedback information elements to the MGCF when the interworking is required. To request the IM-MGW to detect 
and notify these feedback information elements, the MGCF shall send the "RTCP-interworking" H.248 event to the IM- 
MGW. The event may be indicated through an H.248 MOD command. 

In signal 3, the IM-MGW receives a RTCP feedback message from the IMS side. 

In signals, the IM-MGW notifies the feedback information elements from RTCP message to the MGCF. 

In signal?, the MGCF send the corresponding H.245 message to the CS side to request for the media adaption. 



E.4.2.8.3 CS network originated H.245 messages 

Figure E.4.2.8.3.2.1 shows examples of interactions between H.245 and RTCP for CS network originated feedback on 
the quality of the media distribution. 
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IMS 



5. send RTCP feedback message 



6. receive RTCP feedback Ack message 



CALL IN ACTIVE STATE 



3. H.248: MOD.req [C=C1 , T=T1- 
signal=H.245-lnterworking] 



4. H.248: MOD.resp 



CS Network 



1 . receive H.245 message to feedback on the 
quality of the data distribution 



2. send H.245 message response 



Figure E.4.2.8.3.2.1 : Interactions between H.245 and RTCP for CS network originated 1-1.245 feedback 

on the quality of the media distribution 

In signal 1, the MGCF receives an H.245 feedback message from the CS side. 

In signals, the MGCF requests the IM_MGW to send an RTCP message provisioning the signal "H.245 interworking" 
with parameters identifying information to be transported within this RTCP message. 

In signal5, the IM-MGW send the corresponding RTCP message to the IMS side to request for the media adaption. 

To request the IM-MGW to send an RTCP message, the MGCF shall send the corresponding information elements 
listed in table zz as parameters of the "H.245-interworking signal" over the Mn interface. 

Table E.4.2.8.3.2.1 : Feedback information elements to be indicated 



RTCP message 


Information elements transported 
over Mn interface 


Remarks 


Picture Loss Indication 
(PL!) ([109]) 


UpdatePicture 




Temporary IVIaximum 
IVIedia Stream Bit Rate 
Request (TIVIIVIBR) ([110]) 


MaxBitRate 


This information indicates the 
maximum media stream bit rate to be 
sent within the TMMBR. 



E.4.3 Mn Signalling procedures 
E.4.3.1 Overview 

This clause describes the logical signalling procedures (i.e. message identifiers are not part of the protocol) between the 
MGCF and IM-MGW. The procedures within this clause are intended to be implemented using the standard H.248 
procedure as defined in ITU recommendation H.248. 1 [2] with appropriate parameter combinations. 
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E.4.3.2 Add Multiplex Termination 

This procedure is used to add a termination to multiplex/demultiplex H.223. This procedure containing the 
MuxDescriptor with H.223 value enables the IM-MGW to start the H.324 Multiplexing Level Negotiation. 



Table E.4.3.2.1 : Add Multiplex Termination Procedure 



Procedure 


Initiated 


information element 
name 


Information 

element 
required 


Information element description 


Add Multiplex 


MGCF 


Context 


M 


This information element indicates the 


Termination 








existing context. 






Termination 


M 


This information element requests a new 

termination 






MuxDescriptor 


M 


This information element indicates that data 
multiplexed according to H223 shall be 
received, and from which termination. 






Notify Termination 
Heartbeat 


M 


This information element requests 

termination heartbeat indications 






Notify Released 
Bearer 





This information element requests a 
notification of a released bearer. 






Incoming H.245 
message Notification 

Rpni iPQt 


M 


This Event shall indicate that a Notification 
about H.245 messages received by the IM- 

MRW k rpnupqtprl hu thp MHCF 






MONA Preferences 





This information eirement requests the 
MOW to start a MONA negotiation and 
provisions MONA preferences to be 
indicated by the IM-MGW, encoded as 
described in Clause 6 of ITU-T H.324 
AmpnHmpnt 1 TftTl 

r^i iidiviiii^iii 1 lyj 1 J 






MONA Preference 





This information element requests a 






Reception 




notification of the reception of the first 
MONA preference message. 






Completed 




I MIo II IIUI 1 1 IclLIUI 1 CiCl 1 ICl 1 L ICUUCoLo Cl 

notification of the reception of the first 
MONA preference message with indication 

that thp K/IOMA nrpfprpnr'P npnntiatinn iQ 

II Idl 11 IC IVIV^INrA IJIdddlLrC? 1 IC^VJLICILIVJI 1 lO 

rnmnlptpd 






1 pnpfv DptPftpH 





Thici infnrmatinn pjpmpnt rpniiPQt*^ p 

IIIIO IIIIWIIIICILIUII ^IdlldlL ICUUCOLO Cl 

notification of a legacy interworking 
condition. The Event Descriptor also 
embeds a signal descriptor including an 
H.245 message out signal which shall be 
send when legacy interworking is detected 






MPC Reception 





This information element requests a 
notification of the reception of the first 
MONA preference message with attached 
MPC. 






SPC Reception 





This information element requests a 
notification of the reception of a MONA 
preference message with attached SPC. 


Add Multiplex 


IM-MGW 


Context 


M 


This information element indicates the 


Termination 








context where the command was executed. 


Ack 




Termination 


M 


This information element indicates the new 
termination where the command was 
executed. 
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E.4.3.3 Configure Multiplex Termination 

This procedure is used to configure a termination to multiplex/demultiplex H.223. 



Table E.4.3.3. 1: Configure Multiplex Termination Procedure 



Procedure 


Initiated 


Information element 
name 


Information 
element 
required 


Information element description 


Configure 
Multiplex 
Termination 


MGCF 


Context 


M 


This information element indicates the 
existing context. 


Termination 


M 


This information element indicates the 
termination 


Remote H223 
Capability 





This information element indicates the 
remote H223 capabilities, as received by the 
MGCF. 


Incoming Multiplex 
Table 


M 


This information element indicates the value 
of the H245 MultiplexEntrySend message, 
as received by the MGCF from the remote 
H.245 peer. 


Outgoing Multiplex 
Table 


M 


This information element indicates the value 
of the H245 MultiplexEntrySend message, 
as sent by the MGCF towards the remote 
H.245 peer. 


Configure 
IVIultiplex 
Termination 
Ack 


IM-MGW 


Context 


M 


This Information element indicates the 

context where the command was executed. 


Termination 


M 


This information element indicates the 
termination where the command was 
executed. 



E.4.3.4 Signal H245 IVIessage 

This procedure is used to send a H245 message to the IM-MGW that the IM-MGW shall forward towards the CS side 
within H.223. 

Table E.4.3.4.1 : Signal H245 Message Procedure 



Procedure 


Initiated 


Information element 
name 


Information 

element 
required 


Information element description 


Signal H245 
Message 


MGCF 


Context 


M 


This information element indicates the 
existing context. 


Termination 


M 


This information element indicates the 
termination 


Signal 


M 


This information element indicates the signal 
to request forwarding of a H245 message 
towards the CS side within H.223 


H.245 message 


M 


This information element indicates the H.245 
message to be forwarded 


Signal H245 
Message Ack 


IM-MGW 


Context 


M 


This information element indicates the 
context where the command was executed. 


Termination 


M 


This information element indicates the 
termination where the command was 
executed. 
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E.4.3.5 Notify H245 Message 

This procedure is used by the IM-MGW to notify the MGCF that the IM-MGW has received a H245 message from the 
CS side within H.223. 



Table E.4.3.5.1 : Notify H245 Message Procedure 



Procedure 


Initiated 


information element 
name 


Information 

element 
required 


Information element description 


Notify H245 
Message 


IM-MGW 


Context 


M 


This information element indicates the 
existing context. 


Termination 


M 


This information element indicates the 

termination 


Event 


M 


This information element indicates the event 
to indicate that a H245 message has been 
reveived from the CS side within H.223 


H.245 message 


M 


information element indicates the received 
H.245 message 


Notify H245 
Message Ack 


MGCF 


Context 


M 


This information element indicates the 
context where the command was executed. 


Termination 


M 


This information element indicates the 
termination where the command was 
executed. 



E.4.3.6 Notify IVIONA Preference Reception 

This procedure is used by the IM-MGW to notify the MGCF that the IM-MGW has received the first MONA 
preference Message from the CS side. 

Table E.4.3.6.1 : Notify MONA Preference Reception Procedure 



Procedure 


Initiated 


Information element 
name 


Information 
element 
required 


Information element description 


Notify H245 
Message 


IM-MGW 


Context 


M 


This information element indicates the 

existing context. 


Termination 


M 


This information element indicates the 
termination 


Event 


M 


This information element indicates the event 
to indicate that a MONA Preference 

Message has been reveived 


MONA Preferences 


M 


This information eirement indicates the 
received MONA preference message 


Notify H245 
Message Ack 


MGCF 


Context 


M 


This information element indicates the 
context where the command was executed. 


Termination 


M 


This information element indicates the 
termination where the command was 
executed. 
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E.4.3.7 Notify MONA Preference Completed 

This procedure is used by the IM-MGW to notify the MGCF that the IM-MGW has received the first MONA 
preference Message with indication that the MONA preference negotiation is completed. 



Table E.4.3.7.1 : Notify MONA Preference Completed Procedure 



Procedure 


Initiated 


information element 
name 


Information 

element 
required 


Information element description 


Notify H245 
Message 


IM-MGW 


Context 


M 


This information element indicates the 
existing context. 


Termination 


M 


This information element indicates the 
termination 


Event 


M 


This information element indicates the event 
to indicate that the first MONA preference 
Message with indication that the MONA 
preference negotiation is completed 

reveived 


Notify H245 
Message Ack 


MGCF 


Context 


M 


This information element indicates the 
context where the command was executed. 


Termination 


M 


This information element indicates the 
termination where the command was 
executed. 



E.4.3.8 Signal SPG 

This procedure is used to send a H245 message to the IM-MGW that the IM-MGW shall forward towards the CS side 
using the SPC, i.e. as attachment to MONA preference messages. 

Table E.4.3.8.1 : Signal SPC Procedure 



Procedure 


Initiated 


Information element 
name 


Information 
element 
required 


Information element description 


Signal H245 
Message 


MGCF 


Context 


M 


This information element indicates the 

existing context. 


Termination 


M 


This information element indicates the 
termination 


Signal 


M 


This information element indicates the signal 
to request fonwarding of a H245 message 
towards the CS side using the SPC, i.e. as 
attachment to MONA preference messages 


H.245 message 


M 


This information element indicates the H.245 
message to be forwarded 


Signal H245 
Message Ack 


IM-MGW 


Context 


M 


This information element indicates the 
context where the command was executed. 


Termination 


M 


This information element indicates the 
termination where the command was 
executed. 
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E.4.3.9 Notify SPG 

This procedure is used by the IM-MGW to notify the MGCF that the IM-MGW has received a H245 message from the 
CS side in SPC PDUs attached to MONA preference messages. 



Table E.4.3.9.1 : Notify SPC Procedure 



Procedure 


Initiated 


information element 
name 


Information 

element 
required 


Information element description 


Notify H245 
Message 


IM-MGW 


Context 


M 


This information element indicates the 
existing context. 


Termination 


M 


This information element indicates the 

termination 


Event 


M 


This information element indicates the event 
to indicate that a H245 message has been 
reveived from the CS side in SPC PDUs 
attached to MONA preference messages 


H.245 message 


M 


information element indicates the received 
H.245 message 


Notify H245 
Message Acl< 


MGCF 


Context 


M 


This information element indicates the 
context where the command was executed. 


Termination 


M 


This information element indicates the 
termination where the command was 
executed. 



E.4.3.10 Notify MPC 

This procedure is used by the IM-MGW to notify the MGCF that the IM-MGW has received the first MONA 
preference message with attached MPC from the CS side. 

Table E.4.3.1 0.1: Notify MPC Procedure 



Procedure 


Initiated 


Information element 
name 


Information 
element 
required 


Information element description 


Notify H245 
Message 


IM-MGW 


Context 


M 


This information element indicates the 
existing context. 


Termination 


M 


This information element indicates the 
termination 


Event 


M 


This information element indicates the event 
to indicate that the first MONA preference 
message with attached MPC has been 

received. 


MuxCode 


M 


information element that indicates the 
received Chamnnel Type 


Notify H245 
Message Ack 


MGCF 


Context 


M 


This information element indicates the 
context where the command was executed. 


Termination 


M 


This information element indicates the 
termination where the command was 
executed. 



ETSI 



3GPP TS 29.163 version 8.5.0 Release 8 



245 



ETSI TS 129 163 V8.5.0 (2009-02) 



E.4.3.1 1 Notify Detection of Legacy Interworking 

This procedure is used by the IM-MGW to notify the MGCF that the IM-MGW detects a legacy interworking condition 
that causes it to abort MONA procedures. 



Table E.4.3.11.1: Notify Detection of Legacy lnterworl(ing Procedure 



Procedure 


initiated 


information element 
name 


Information 

element 
required 


Information element description 


Notify H245 
Message 


IM-MGW 


Context 


M 


This information element indicates the 
existing context. 


Termination 


M 


This information element indicates the 

termination 


Event 


M 


This information element indicates the event 
to indicate that a a legacy intenworking 
condition has been detected. 


Notify H245 
Message Ack 


MGCF 


Context 


M 


This information element indicates the 

context where the command was executed. 


Termination 


M 


This information element indicates the 
termination where the command was 
executed. 



E.4.3.1 2 Request RTCP-lnterworking 

This procedure is used by the MGCF to request the IM-MGW to detect the RTCP feedback message on the quaUty of 
the media distribution requiring interworking. 

Table E.4.3.1 2.1: Request RTCP-lnterworl(ing 



Procedure 


Initiated 


information element 
name 


Information 

element 
required 


Information element description 


Request RTCP- 
lnterworking 


MGCF 


Context 


M 


This information element indicates the 
existing context. 






Termination 


M 


This information element indicates an 

existing 






RTCPfilter 


M 


This information element provides one or 
several bit pattern(s) for bits 3-15 of an 
RTCP packet. Information from RTCP 
packets that match those patterns shall be 
notified to the MGCF. 






RTCP-lnterworking 


M 


This information element requests a 
notification about information derived from 
the incoming RTCP packet types denoted 
by RTCPfilter. 


Request RTCP- 
Intenworking Ack 


IM-MGW 


Context 


M 


This information element indicates the 
context where the command was executed. 






Termination 


M 


This information element indicates the new 
termination where the command was 

executed. 
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E.4.3.13 Notify RTCP-lnterworking 

This procedure is used by the IM-MGW to notify the MGCF the feedback information elements when the IM-MGW 
detects a RTCP feedback message on the quality of the media distribution requiring interworking. 



Table E.4.3.13.1: Notify of RTCP-lnterworking 



Procedure 


Initiated 


information element 
name 


Information 

element 
required 


Information element description 


Notify RTCP- 
lnterworking 


IM-MGW 


Context 


M 


This information element indicates the 
existing context. 






Termination 


M 


This information element indicates the 
termination 






UpdatePicture 


C 


This information element shall be included 
upon reception ot a RTCP PLl message. It 
indicates the request of sending of fuU intra- 

pictures. 






MaxBiiriaie 




This information element shall be included 
upon reception of a RTCP TMMBR 
message. It shall contain the bandwidth as 
indicated in the RTCP TMMBR message 
excuding the overhead indicated in the 
RTCP TMMBR message. 


Notify RTCP- 
lnterworking Ack 


MGCF 


Context 


M 


This information element indicates the 
context where the command was executed. 






Termination 


M 


This information element indicates the 
termination where the command was 
executed. 
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E.4.3.14 Signal-H.245-lnterworking 

This procedure is used by the MGCF to indicate the IM-MGW the feedback information elements when a H.245 
feedback message on the quaUty of the media distribution requiring interworking is received. 



Table E.4.3.14.1: Signal H.245-lnterworking 



Procedure 


Initiated 


information element 
name 


Information 

element 
required 


Information element description 


Signal H.245- 
Interworking 


MGCF 


Context 


M 


This information element indicates the 
existing context. 






Termination 


M 


This information element indicates the 
termination 






UpdatePicture 


C 


This information element indicates the 
request to send a RTCP PLl message. 






MaxBiiriaie 




This information element indicates the 
request to send a RTCP TMBR message. It 
shall contain the bandwidth as indicated in 
the RTCP TMMBR message excuding the 
overhead indicated in the RTCP TMMBR 
message. 


Signal H.245- 
Interworking Ack 


IM-MGW 


Context 


M 


This information element indicates the 
context where the command was executed. 






Termination 


M 


This information element indicates the 
termination where the command was 
executed. 
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Annex F (normative): 
PSTN XML Scheme 



F.1 



Scope 



This section defines the PSTN XML Schema to be used for providing the BearerCapabiHty, Low Layer Compatibihty, 
High Layer Compatibihty and Progress indicator embedded as body in SIP messages. 

The support of this PSTN XML Schema is a network option. 



The XML schema defined in the present Annex is registered at lANA as "application/vnd.etsi.pstn+xml" MIME type. 

If the XML scheme is embedded in SIP messages as body, the Content-Type header shall be set to 
"application/vnd.etsi.pstn+xml" and the Content-Disposition shall be set to "signal" with the "handling" parameter set to 
"optional". 



<?xml version="1.0" encoding="UTF-8"?> 

<xs:schema xnilns:xs="http://www.w3.org/2001/XMLSchema" xnilns="http://uri.etsi.org/ngn/params/xml/simservs/pstn" 
xmlns:nsl="http://uri.etsi.org/ngn/params/xml/simservs/pstn" targetNamespace="http://uri.etsi.org/ngn/params/xml/simservs/pstn" 
elementFormDefault="qualified"> 
<xs:annotation> 

<xs:documentation>XML Schema definition for mapping of some PSTN into SIP MIME Bodies</xs:documentation> 
</xs : annotation> 
<!— Definition of simple types— > 
<xs:simpleType name="OneBitType"> 

<xs:restriction base="xs:string"> 
<xs:pattern value="[0-l]"/> 

</xs:restriction> 
</xs:simpleType> 

<xs:simpleType name="TwoBitType"> 

<xs:restriction base="xs:string"> 
<xs:pattern value=" [0- 1] [0- 1] "/> 

</xs:restriction> 
</xs: simpleType> 

<xs : simpIeType name= "ThreeB itType "> 

<xs:restriction base="xs:string"> 

<xs:pattern value=" [0- 1 ] [0- 1 ] [0- 1 ] ' V> 

</xs:restriction> 
</xs: simpleType> 

<xs : simpIeType name="FourBitType "> 

<xs:restriction base="xs:string"> 

<xs:pattem value=" [0- 1 ] [0- 1 ] [0- 1 ] [0- 1 ] "/> 

</xs:restriction> 
</xs:simpleType> 

<xs: simpIeType name="FiveBitType"> 

<xs:restriction base="xs:string"> 

<xs:pattern value=" [0- 1 ] [0- 1 ] [0- 1 ] [0- 1 ] [0- 1 ] 7> 

</xs:restriction> 
</xs:simpleType> 

<xs: simpIeType name="SixBitType"> 
<xs:restriction base="xs:string"> 

<xs:pattern value=" [0- 1 ] [0- 1 ] [0- 1 ] [0- 1 ] [0- 1 ] [0- 1 ] ' V> 





F.3 



XML Schema definition 
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</xs:restriction> 
</xs: simpleType> 

<xs : simpleType name= ' ' Se venB itType "> 

<xs:restriction base="xs:string"> 

<xs:pattem value=" [0- 1 ] [0- 1 ] [0- 1 ] [0- 1 ] [0- 1 ] [0- 1 ] [0- 1 ] 7> 

</xs:restriction> 
</xs: simpleType> 
<!— Definition of complex types--> 
<!— Definition of BearerCapability Octets— > 
<xs:complexType name="BCOctet3Type"> 

<xs:sequence> 

<xs:element name="CodingStandard" type="TwoBitT5'pe"/> 
<xs:element name="InformationTransferCababiIity" type="FiveBitType"/> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="BCOctet4Type"> 
<xs:sequence> 

<xs:element name="TransferMode" type="TwoBitType"/> 
<xs:element name="InformationTransferRate" type="FiveB itType "/> 
</xs:sequence> 
</xs:complexType> 

<xs xomplexType name="BCOctet4- 1 Type "> 
<xs:sequence> 

<xs:element name="RateMultiplier" type="SevenBitType"/> 
</xs:sequence> 
</xs : complexType> 

<xs:complexType name="BCOctet5Type"> 
<xs:sequence> 

<xs:element name="LayerlIdentification" type="TwoBitType"/> 
<xs:element name="UserInfoLayerlProtocol" type="FiveBitType"/> 
</xs:sequence> 
</xs:compIexType> 

<xs:complexType name="BCOctet5aType"> 
<xs:sequence> 

<xs:element name="SynchronousAsynchronous" type="OneBitType"/> 
<xs:element name="Negotiation" type="OneBitType"/> 
<xs:element name="UserRate" type="FiveBitType"/> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="BCOctet5bV110Type"> 
<xs:sequence> 

<xs:element name='TntermediateRate" type="TwoBitType"/> 
<xs:element name="NIConTX" typc="OneBitType"/> 
<xs:element name="NIConRX" typc="OneBitType"/> 
<xs:element name="FIowControlOnTX" typc="OneBitType"/> 
<xs:element name="FIowControlOnRX" typc="OneBitType"/> 
</xs:sequence> 
</xs:compIexType> 

<xs:complexType name="BCOctet5bV120Type"> 
<xs:sequence> 

<xs:element name="RateAdaptionHeader" typc="OneBitType"/> 
<xs:element name="MultipleFrameEstablishmentSupport" typc="OneBitType"/> 
<xs:element name="ModeOfOperation" type="OneBitType"/> 
<xs:element name="LogicalLinkIdentifier" typc="OneBitType"/> 
<xs:element name="Assignor" typc="OneBitType"/> 
<xs:element name="InbandOutbandNegotiation" type="OneBitType"/> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="BCOctet5cType"> 
<xs:sequence> 

<xs:element name="NumberOfStopBits" type="TwoBitType"/> 
<xs:element name="NumberOfDataBits" type="TwoBitType"/> 
<xs:element name="Parity" type="ThreeBitType"/> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="BCOctet5dType"> 
<xs:sequence> 

<xs:element name="DuplexMode" type="OneBitT)'pe"/> 
<xs:element name="MademType" type="SixBitType"/> 
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</xs:sequence> 
</xs:complexType> 

<xs:complexType name="BCOctet6Type"> 
<xs:sequence> 

<xs:element name="Layer2Identification" type="TwoBitType"/> 
<xs:element name="UserInfoLayer2Protocol" type="FiveBitType"/> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="BCOctet7Type"> 
<xs:sequence> 

<xs:element name="Layer3 Identification" type="TwoBitType"/> 
<xs:element name="UserInfoLayer3Protocol" type="FiveBitType"/> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="BCOctet7aType"> 
<xs:sequence> 

<xs:element name="AdditionaILayer3Info" type="FourBitType"/> 
</xs:sequence> 
</xs : complexType> 

<xs:complexType name="BCOctet7bType"> 
<xs:sequence> 

<xs:element name="AdditionaILayer3Info" type="FourBitType"/> 
</xs:sequence> 
</xs : compIexType> 

<!— Definition of High Layer Compatibility Octets— > 
<xs:complexType name="HLOctet3Type"> 
<xs:sequence> 

<xs:element name="CodingStandard" type="TwoBitType'7> 
<xs:element name="Interpretation" type="TlireeBitType'7> 
<xs:element name="PresentationMethod" type="TwoBitType'7> 
</xs:sequence> 
</xs:compIexType> 

<xs:complexType name="HL0ctet4Type"> 
<xs:sequence> 

<xs:element name="HighLayerCharacteristics" type="SevenBitType'7> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="HLOctet4aMaintenanceT)'pe"> 
<xs:sequence> 

<xs:element name="HighLayerCharacteristics" type="SevenBitType'V> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="F[LOctet4aAudioType"> 
<xs:sequence> 

<xs:element name="VideoTelepiionyCliaracteristics" type="SevenBitType'7> 
</xs:sequence> 
</xs:complexType> 

<!— Definition of Low Layer Compatibility Octets— > 
<xs:complexType name="LLOctet3Type"> 
<xs:sequence> 

<xs:element name="CodingStandard" type="TwoBitType'7> 
<xs:element name="InformationTransferCapability" type="FiveBitType'7> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="LLOctet3aType"> 
<xs:sequence> 

<xs:element name="NegotiationIndicator" type="OneBitType'7> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="LL0ctet4Type"> 
<xs:sequence> 

<xs:element name="TransferMode" typc="TwoBitType'7> 
<xs:element name="InformationTransferRate" type="FiveBitType'7> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="LLOctet4-lType"> 
<xs:sequence> 

<xs:element name="RateMultipIier" type="SevenBitType'7> 
</xs:sequence> 
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</xs:complexType> 

<xs:complexType name="LLOctet5Type"> 
<xs:sequence> 

<xs:element name="Layerl Identification" type="TwoBitType"/> 
<xs:element name="UserInfoLayerlProtocol" type="FiveBitType"/> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="LLOctet5aType"> 
<xs:sequence> 

<xs:element name="SynclironousAsynciironous" type="OneBitType"/> 
<xs:element name="Negotiation" type="OneBitType"/> 
<xs:element name="UserRate" type="FiveBitType"/> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="LLOctet5bVl 10Type"> 
<xs:sequence> 

<xs:element name="IntermediateRate" type="TwoBitType"/> 
<xs:element name="NIConTX" typc="OneBitType"/> 
<xs:element name="NIConRX" typc="OneBitType"/> 
<xs:element name="FIowControlOnTX" typc="OneBitType"/> 
<xs:element name="FlowControlOnRX" type="OneBitType"/> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="LLOctet5bV120Type"> 
<xs:sequence> 

<xs:element name="RateAdaptionHeader" type="OneBitType"/> 
<xs:element name="MultipleFrameEstabIislimentSupport" typc="OneBitType"/> 
<xs:element name="ModeOfOperation" type="OneBitType"/> 
<xs:element name="LogicalLinkIdentifier" typc="OneBitType"/> 
<xs:element name="Assignor" typc="OneBitType"/> 
<xs:element name="InbandOutbandNegotiation" type="OneBitType"/> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="LLOctet5cType"> 
<xs:sequence> 

<xs:element name="NumberOfStopBits" typc="TwoBitType"/> 
<xs:element name="NumberOfDataBits" typc="TwoBitType"/> 
<xs:element name="Parity" type="ThreeBitType"/> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="LL0ctet5dType"> 
<xs:sequence> 

<xs:element name="DupIexMode" type="OneBitType"/> 
<xs:element name="ModemType" type="SixBitType"/> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="LLOctet6Type"> 
<xs:sequence> 

<xs:element name="Layer2Identification" type="TwoBitType"/> 
<xs:element name="UserInfoLayer2Protocol" type="FiveBitType"/> 
</xs:sequence> 
</xs:compIexType> 

<xs:complexType name="LLOctet6aHDLCType"> 

<xs:sequence> 

<xs:element name="Mode" type="TwoBitT5'pe"/> 

</xs:sequence> 
</xs:complexType> 

<xs:complexType name="LL0ctet6aUserSpecificType"> 
<xs:sequence> 

<xs:element name="UserSpecificLayer2Information" type="SevenBitType"/> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="LL0ctet6bType"> 
<xs:sequence> 

<xs:element name="WindowSize" type="SevenBitType"/> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="LLOctet7Type"> 
<xs:sequence> 
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<xs:element name="Layer3Identification" type="TwoBitType"/> 
<xs:element name="UserInfoLayer3Protocol" type="FiveBitType"/> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="LL0ctet7aUserSpecificType"> 
<xs:sequence> 

<xs:element name="OptionalLayer3Information" type="SevenBitType"/> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="LLOctet7aX25Type"> 

<xs:sequence> 

<xs:element name="Mode" type="TwoBitType"/> 

</xs:sequence> 
</xs:complexType> 

<xs:complexType name="LLOctet7bX25Type"> 
<xs:sequence> 

<xs:element name="DefaultPacketSize" type="FourBitType'7> 
</xs:sequence> 
</xs : complexType> 

<xs:complexType name="LL0ctet7cType"> 
<xs:sequence> 

<xs:element name="PacketWindowSize" typc="SevenBitType"/> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="LLOctet7aTR9577Type"> 
<xs:sequence> 

<xs:element name="AdditionalLayer3Info" type="FourBitType"/> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="LLOctet7bTR9577Type"> 
<xs:sequence> 

<xs:element name="AdditionalLayer3Info" type="FourBitType'7> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="DispOctet3Type"> 
<xs:sequence> 

<xs:element name="DisplayInformation" typc="SevenBitType"/> 
</xs:sequence> 
</xs : complexType> 

<!— Definition of tlie information elements— > 

<xs:complexType name="BearerCapabilityType"> 
<xs:sequence> 

<xs:element name="BCoctet3" typc="BC0ctet3Type"/> 
<xs:element name="BCoctet4" type="BC0ctet4Type"/> 
<xs:element name="BCoctet4-l" type="BC0ctet4-lType" minOccurs="0"/> 
<xs:element name="BCoctet5" type="BC0ctet5Type" minOccurs="0"/> 
<xs:element name="BCoctet5a" typc="BCOctet5aType" minOccurs="0"/> 
<xs:element name="BCoctet5bVl 10" type="BCOctet5bVl lOType" minOccurs="0'7> 
<xs:element name="BCoctet5bV120" type="BCOctet5bV120Type" minOccurs="0'7> 
<xs:element name="BCoctet5c" type="BCOctet5cType" minOccurs="0'7> 
<xs:element name="BCoctet5d" type="BCOctet5dType" minOccurs="0'7> 
<xs:element name="BCoctet6" typc="BC0ctet6Type" minOccurs="0'7> 
<xs:element name="BCoctet7" type="BC0ctet7Type" minOccurs="0'7> 
<xs:element name="BCoctet7a" typc="BCOctet7aType" minOccurs="0'7> 
<xs:element name="BCoctet7b" type="BCOctet7bType" minOccurs="0'7> 
</xs:sequence> 

</xs:complexType> 

<xs:complexType name="HighLayerCompatibilityType"> 
<xs:sequence> 

<xs:element name="HL0ctet3" typc="HLOctet3Type'7> 
<xs:element name="HL0ctet4" typc="HLOctet4Type'7> 

<xs:element name="HL0ctet4aMaintenance" type="HL0ctet4aMaintenanceType" minOccurs="0"/> 
<xs:element name="HLOctet4Audio" type="HLOctet4aAudioType" iTiinOccurs="0"/> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="LowLayerCompatibilityType"> 
<xs:sequence> 

<xs:element name="LL0ctet3" type="LLOctet3Type'7> 

<xs:element name="LL0ctet3a" type="LL0ctet3aType" minOccurs="0'7> 
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<xs:element name="LLOctet4" type="LL0ctet4Type"/> 

<xs:element name="LL0ctet4-l" type="LL0ctet4-lType" minOccurs="0"/> 

<xs:element name="LL0ctet5" type="LL0ctet5Type" minOccurs="0"/> 

<xs:element name="LL0ctet5a" type="LLOctet5aType" minOccurs="0"/> 

<xs:element name="LL0ctet5bVl 10" type="LL0ctet5bVl lOType" minOccurs="0"/> 

<xs:element name="LLOctet5bV120" type="LLOctet5bV120Type" minOccurs="0"/> 

<xs:element name="LL0ctet5c" type="LLOctet5cType" minOccurs="0"/> 

<xs:element name="LL0ctet5d" type="LLOctet5dType" minOccurs="0"/> 

<xs:element name="LL0ctet6" type="LLOctet6Type" minOccurs="0"/> 

<xs:element name="LLOctet6aHDLC" type="LLOctet6aHDLCType" minOccurs="0"/> 

<xs:element name="LL0ctet6aUserSpecific" type="LLOctet6aUserSpecificType" iTiinOccurs="0"/> 

<xs:element name="LL0ctet6b" type="LLOctet6bType" minOccurs="0"/> 

<xs:element name="LL0ctet7" type="LL0ctet7Type"/> 

<xs:element name="LL0ctet7aUserSpecific" typc="LLOctet7aUserSpecificType" iTiinOccurs="0"/> 
<xs:element name="LLOctet7aX25" type="LLOctet7aX25Type" minOccurs="0"/> 
<xs:element name="LLOctet7bX25" typc="LLOctet7bX25Type" iTiinOccurs="0"/> 
<xs:element name="LL0ctet7c" type="LL0ctet7cType" minOccurs="0"/> 
<xs:element name="LLOctet7aTR9577" typc="LLOctet7aTR9577Type" minOccurs="0"/> 
<xs:element name="LLOctet7bTR9577" type="LLOctet7bTR9577Type" minOccurs="0"/> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="DisplayType"> 
<xs:sequence> 

<xs:element name="DispOctet3" type="DispOctet3Type"/> 

</xs:sequence> 
</xs : complexType> 
<!— Definition of progress indicator— > 
<xs:complexType name="ProgressOctet3Type"> 

<xs:sequence> 

<xs:element name="CodingStandard" typc="TwoBitType"/> 
<xs:element name="Location" type="FourBitType "/> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="ProgressOctet4Type"> 
<xs:sequence> 

<xs:element name="ProgressDescription" type="SevenBitType"/> 
</xs:sequence> 
</xs:complexType> 

<xs:complexType name="ProgressIndicatorType"> 
<xs:sequence> 

<xs:element name="ProgressOctet3" type="ProgressOctet3Type"/> 
<xs:element name="ProgressOctet4" type="ProgressOctet4Type"/> 
</xs:sequence> 
</xs:complexType> 

<!— Definition of sendingCompIetlndication — > 
<xs:element name="sendingCompleteIndication"/> 
<!— Definition of document structure— > 
<xs:element name="PSTN"> 
<xs:complexType> 
<xs:sequence> 

<xs:element name="BearerCapability" type="BearerCapabiIityType" maxOccurs="2'7> 
<xs:element name="HighLayerCompatibility" type="HighLayerCompatibilityType" minOccurs="0" 
maxOccurs="2"/> 

<xs:element name="LowLayerCompatibility" type="LowLayerCompatibilityType" minOccurs="0'7> 
<xs:element name="ProgressIndicator" typc="ProgressIndicatorType" niinOccurs="0" maxOccurs="unbounded"/> 
<xs:element name="Display" type="DisplayType" minOccurs="0" maxOccurs="unbounded'7> 
</xs:sequence> 
</xs:complexType> 
</xs:element> 
</xs:schema> 
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Annex G (normative): 
Overlap digit message body 

G.1 Scope 

This section defines a message body that shall be used for sending additional digits, which have not previously been 
sent, in SIP INFO messages when the in-dialog method is used for overlap dialling. 

The support of this message body is a network option. 

G.2 IVIIIVIE type 

The message body defined in the present Annex is registered at lANA as "application/x-session-info" MIME type. 

If the message body is embedded in SIP INFO messages, the Content-Type header shall be set to "application/x- 
session-info" and the Content-Disposition header shall be set to "signal" with the handling parameter set to "optional". 

as ABNF 

X- session-info = SubsequentDigit 

SubsequenlDigil = "SubsequentDigit" HCOLON phonedigits 

phonedigits = 1*(HEXD1G / "*" / "#") 

HEXDIG = DIGIT / "A" / "B" / "C" / "D" / "E" / "F" 
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